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Preface 


Wireless technologies have been evolving enormously over the last couple of decades. This ever- 
changing communication industry is in severe need of a highly skilled workforce to shape and 
deploy future generation communication systems. Therefore, well-designed training is needed to 
satisfy the telecommunication industry’s thirst for resilient professionals. Distinguished telecom- 
munication engineers must have a solid understanding of the fundamental theory, an ability to 
translate this theoretical knowledge to numerical implementation, and the capability of imple- 
menting them in hardware. Also, they must be equipped with independent thinking and creative 
problem-solving skills to pioneer future telecommunication systems. Furthermore, these prodi- 
gious engineers have to express their ideas clearly and function effectively on a team. 

In this book, wireless communication systems and concepts are introduced from a practical 
and laboratory perspective with a goal to provide readers valuable experience to analyze wireless 
systems (along with wireless circuits) using modern instrumentation and computer-aided design 
software. The book is aimed to provide readers the knowledge to understand basic theory, soft- 
ware simulation, hardware test and modeling, system and component testing, and software and 
hardware interactions and co-simulations. 


Broad Topical Coverage 


This book aims to cover the following main categories: 


Wireless systems. 

Basic digital communications theory. 

Signal and waveform analysis. 

Digital transceiver algorithm design. 

Modeling, designing, testing, and measurement. 
Components (hardware) used for communication. 
Test-equipment and software defined radios. 
Component testing/modeling/evaluation. 

Advanced computer-aided simulation techniques. 
Interaction of simulation with hardware and test equipment. 
Understanding the real wireless channel environment. 
Wireless testbeds and hands-on experiments. 


XV 


xvi 


Preface 


The objectives and overarching goals of the book can be listed as: 


e Providing a platform to master the design, implementation, and experimentation of a communi- 
cation system. 

e Understand the impact of hardware on the performance of communication algorithms. 

e Enable trainees to be able to send and receive actual communication waveforms; design, analyze, 
test, and measure these signals. 

e Connect different disciplines of communication and teach cross-layer aspects of communication 
systems so that trainees can understand the relations and interactions between various layers. 

e Provide basics of different tools (hardware emulation and software simulation) and utilize low 
cost and/or high-end SDR platforms. 

e Enable learning the concepts with hands-on experiments. 

e Allow instructors to develop their version of laboratory-based teaching of wireless and digital 
communication. 

e Provide online laboratory teaching experience for those who do not have access to the equipment 
and wireless components. 

e Provide reference Matlab codes (with very simple and basic isolated simulations) so that trainees 
can test the theory in a simulation environment. 

e Developing link-level and system-level simulation tools that can allow students to test, evaluate, 
visualize, confirm, and interpret communication systems in multilayer and cross-layer domain. 

e Providing trainees the ability to think/design a complete (and basic) communication system, and 
to design/conduct experiments in wireless communication systems. 

e Shed light for future research and enable insights for interdisciplinary research. 


Audience 


This book is intended to provide both introductory theoretical aspects for beginners and advanced 
technical overview of practical aspects intended for university graduate and undergraduate 
students, technical professionals in the communications industry, technical managers, and 
researchers in both academia and industry. The book addresses concepts that are useful in several 
disciplines including digital baseband signal processing, radio frequency (RF) and microwave 
engineering, wireless communication systems, digital communications, antennas and propaga- 
tion, radio frequency integrated circuits, machine learning-aided wireless communications, etc. 
In this respect, this is one of the rare books that bring many disciplines together. 

Basic background of wireless communications and digital communications is preferable for a full 
understanding of the topics covered by the book. 


Course Use 


The book is structured in such a way that it can be used in support of various wireless courses at 
all levels and can serve as a reference for research projects of both undergraduate and graduate 
students. This book complements traditional theoretical textbooks by introducing some practical 
aspects and hands-on experiments. 


Preface 


The book provides an organic and harmonized coverage of wireless communication systems from 
radio hardware and digital baseband signal processing, all the way to testing and measurement 
of the systems and subsystems. Within this framework, the book chapters are quite independent 
from one another. Even though each chapter is self-contained, there is very good harmony between 
chapters and all the chapters complement each other. Therefore, different options are possible 
according to different course structures and lengths, as well as targeted audience backgrounds. 
The topics are covered in both descriptive and technical manners and can therefore cater to dif- 
ferent readers needs. For each chapter we expect that a reader may skip the advanced technical 
description and still greatly benefit from the book. 

The author of the book has been teaching a wireless laboratory course since 2007. This book is 
the result of the experience gained through this laboratory course. Hence, the book is structured 
in a way that it can be used as a text material for this course and for similar courses. The book can 
also be used to teach practical aspects of digital communication courses. Several laboratory-based 
teaching (in-lab or online) implementations can be applied utilizing the book. The following are 
some of the options among many: 


e A lab course that contains theory and simulation. 

e Theory, simulation, and RF components can be used with high-end test and measurement equip- 
ment like vector signal generators and vector signal analyzers in classical laboratory test benches. 

e Similar to above, low-cost software-defined radio kit (with required RF components) can be uti- 
lized for home and remote experimentation in conjunction with the online teaching of the theory 
and simulation. 

e Theory and simulation can be complemented with the real data captured and provided. We will 
provide large sets of data that are captured with the equipment. However, the data set can be 
enriched with others as well. 

e Students can access the laboratory equipment remotely and carry out the experiments online 
either with or without partners (through remote equipment access). 


Chapters 


The book is structured with the following chapters: 


Chapter 1 Hands-On Wireless Communication Experience 
Chapter 2 Performance Metrics and Measurements 

Chapter 3 Multidimensional Signal Analysis 

Chapter 4 Simulating a Communication System 

Chapter 5 RF Impairments 

Chapter 6 Digital Modulation and Pulse Shaping 

Chapter 7 OFDM Signal Analysis and Performance Evaluation 
Chapter 8 Analysis of Single Carrier Communication Systems 
Chapter 9 Multiple Accessing 

Chapter 10 Wireless Channel and Interference 

Chapter 11 Carrier and Time Synchronization 

Chapter 12 Blind Signal Analysis 

Chapter 13 Radio Environment Monitoring 


xvii 
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Due to the remarkable surge in wireless technologies as well as the introduction of new concepts 
like cognitive and software defined radios, a strong need for developing a flexible laboratory plat- 
form to teach a wide variety of wireless techniques has emerged. Laboratory benches equipped with 
flexible radio transmitters and receivers can address this goal. In this chapter, a laboratory-based 
approach for better understanding of wireless communication is described. Model for a practical 
test bench is provided and its application toward developing various laboratory-based experiments 
is discussed. The experiments are not only useful for better understanding of wireless communica- 
tion concepts but also for research and development of the new communication technologies. 


1.1 Importance of Laboratory-Based Learning of Wireless 
Communications 


The high demand for communications anywhere, anytime and now with anything has been the 
driving force for the development of wireless services and technologies. These technologies have 
evolved significantly over the last couple of decades, from simple paging to real-time voice com- 
munication further to very high rate data communications, and recently to a wide variety of appli- 
cations. This dramatic change has affected society in many aspects, enabling people and machines 
to communicate in ways unimaginable in the past and contributing to the quality of life that is 
enjoyed today. 

In parallel to the development of new wireless standards, recently software defined radio (SDR) 
[1] and cognitive radio (CR) [2] concepts gained significant interest among wireless communication 
community. One of the main characteristics of CR is the adaptability where the radio parame- 
ters (including frequency, power, modulation, and bandwidth) can be changed depending on the 
radio environment, user’s situation, network condition, geolocation, and so on. SDR can provide 
very flexible radio functionality by avoiding the use of application-specific fixed analog circuits and 
components. Therefore, SDR can be considered as the core enabling technology for cognitive radio. 
With this ever growing wireless communication technologies and standards along with the intro- 
duction of new concepts like CR and SDR, a strong desire to develop a flexible laboratory platform 
to teach wide variety of wireless techniques has emerged. Laboratory benches that are equipped 
with SDR capable transmitters and receivers can address this goal. 

Comprehending certain subjects such as telecommunications is very challenging due to their 
highly abstract nature. The classical theoretical knowledge, unless accompanied by practical and 
interactive experience, is destined to perish since it prevents observation of the various cause and 
effect relationships between different aspects of a communication system. Therefore, numerical 
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models are widely used to assist in the evaluation and visualization of such complex systems. 
Trainees can manipulate the system and subsystem parameters independently and grasp their 
individual effects using various numerical tools. These skills are especially critical in their profes- 
sional career since troubleshooting problems with such tools is easier than fixing them in the hard- 
ware prototyping stage. Nonetheless, the validity of the aforementioned models is limited by the 
assumptions. Therefore, theoretically and numerically verified designs must also be implemented 
in hardware and tested under various channel conditions and realistic scenarios. The hardware 
implementation can be achieved practically using flexible radio platforms. It should also be pointed 
out that the numerical and hardware implementations provide a convenient way for trainees to 
design telecommunication systems by themselves and assist reinforced learning. 

In this chapter, we introduce a wireless communication systems lab that will provide readers 
with the experience to design, test, and simulate wireless systems (along with wireless circuits) 
using modern instrumentation and computer-aided design (CAD) software. The described 
approach enhances understanding of the wireless and microwave concepts significantly and 
builds a bridge between concepts on radio frequency (RF) circuits/devices and wireless systems 
and networking. The described laboratory-based approach is developed in such a way that it can 
promote the understanding of other related wireless concepts at all levels: wireless systems, wire- 
less networks, cognitive radio and SDR, digital baseband signal-processing algorithm development 
and hardware implementation, wireless circuits, wireless devices, and components. In addition, 
the lab approach can serve as a resource for several research projects for both undergraduate and 
graduate students. As a result, this new lab approach represents an opportunity to capture the 
momentum of the current wireless activity worldwide and dramatically enhance the critical area 
of communications systems. The relation of the lab approach with various components of wireless 
and microwave curriculum is shown in a very high level graph in Figure 1.1. 
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Figure 1.1 The relation of the lab approach with various components of wireless and microwave systems. 
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Figure 1.2 shows the laboratory bench setup along with the integration of various components 
and instruments. The four important elements of the model (theory, computer simulations and 
software, test and measurement instruments, and hardware) are shown in different rows. The top 
row shows the theory and concepts of various systems, subsystems, and components. Understand- 
ing the mathematics, statistical models, and the fundamental theories of wireless communication 
systems is extremely important. A solid design starts with a good understanding of the funda- 
mentals. In our educational systems worldwide, most of the emphasis in teaching wireless com- 
munications is in the theory. However, the communication systems are getting more and more 
complex and exhibit nonlinear behavior, making it very difficult to analyze mathematically in 
closed form. Therefore, to help the understanding of these difficult concepts, simulations are also 
used. Simulations are especially important in the early design cycle as fixing mistakes is costly 
and time-consuming in the late stages of the wireless product development. The second row in 
Figure 1.2 presents the simulation world where the engineers (and students) can simulate and test 
various wireless communication systems (or subsystems). The simulation can help to get intuitive 
feeling of how theoretical knowledge is related to the real world; how to model and implement 
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Figure 1.2 Model used for the wireless communication systems lab. 
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a realistic real-world wireless communication system using computer simulations; how various 
parameters affect the performance of the system, etc. Note that the traditional theoretical analysis 
and computer simulations are based on accurate modeling of the overall system, subsystems, and 
components. 

The reliability and accuracy of the developed system and product depend on the accuracy of the 
assumptions and models used in the simulations and the theory. Hence, the system developers 
must be very careful in the assumptions and approximations they make in developing a system 
model. In the theoretical and simulation approaches, designs are at the algorithmic and behavioral 
level and hence often don’t include any architectural or implementation details. 

A step beyond the computer only simulation is the usage of the flexible radio hardware through 
a testbed. Testbed allows for further development and verification of the algorithms or ideas under 
real-world conditions. Additionally, testbeds provide an opportunity to employ mixed domain 
analysis. Especially, in developing SDR and cognitive radio systems, a full mixed domain design 
of the radio would be beneficial, where the baseband portions of the radio can be coupled with RF 
circuit level segments [3-6]. Test and measurement equipment are popularly used in developing 
testbeds and facilitating the mixed domain analysis. The third row in Figure 1.2 is related to 
the use of test and measurement equipment to connect the simulation world with the realistic 
hardware. These instruments are important elements of the wireless communication systems 
laboratory. The figure shows some of the important test and measurement equipment, i.e. vector 
signal generator (VSG), vector signal analyser (VSA), and spectrum analyzer (SA). The modern 
versions of spectrum analyzers with capabilities of providing in-phase and quadrature-phase (I/Q) 
samples through wide bandwidth digitizer can also be used as signal analyzer or the other way 
around. Therefore, a signal analyzer will be sufficient to study temporal, spectral, and waveform 
characteristics of the received signal. 

The VSG can generate custom waveforms from various sources. Similarly, standard-based 
communication waveforms can also be generated using the VSG. These waveforms can either be 
integrated into the VSG, or they can be externally generated (using an external computer) and 
fed to the VSG. The simulation world in the second row can easily be connected to the VSG, as 
these devices are developed with such capabilities [7]. For example, a baseband signal can be 
developed using Matlab (or any specially designed Signal Studio software or advanced design 
system [ADS] simulator) and then downloaded to the VSG to create the physical signal. Physical 
signal generation is important in order to be able to feed the signal to the real hardware. Signal 
generators can also generate signals with noise and other impairments to test the receiver’s ability 
to demodulate the signal in the presence of noise and impairments. Similarly, signals with fading 
and interference can be generated very easily. The baseband signal is then passed through the 
device under test (DUT) for study and characterization of the influence of different components, 
including intermediate frequency (IF) and RF up-converters, filters, power amplifiers, antennas, 
etc. The signal can also be passed through real radio channel to learn and understand the 
characteristics of realistic wireless channel. Alternatively, the signal can be transmitted through a 
multipath channel emulator. The channel emulator provides a controllable RF multipath channel 
model. Figure 1.3 shows a simplified block diagram of a VSG. 

The wide frequency range of VSG can allow the study of RF signals up to tens of gigahertz range. 
Also, the wide bandwidth of the VSG can generate waveforms with high data rates. These flexibil- 
ities allow developers to generate a wide variety of custom and standard-based waveforms which 
can help them study and analyze current and possible future wireless communications systems 
and understand the related problems. Some of the important performance parameters of signal 
generators include: level accuracy (measure of how precisely the signal generator is able to output 
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the desired signal level); level repeatability (measure of how much the level output of the signal 
generator drifts); phase noise (random noise within the source that causes the power of a CW sig- 
nal to be spread over a small range of frequencies); broadband noise (measure of noise over a wide 
frequency range); output power; etc. 

The signal is received through the receiver antenna (or can be through direct cable) along with 
the interference sources that can be generated realistically in the testbed by another signal genera- 
tor (or the interference model can be generated in the baseband signal that was transmitted along 
with the desired signal). Then, the received signal is passed through the receiver hardware and it is 
digitized with the VSA, the simplified block diagram of a VSA is shown in Figure 1.4. The VSA has 
the ability to demodulate the standard signals. However, it can also capture any arbitrary digital 
I/Q (in-phase and quadrature phase) samples and these samples can be processed with software 
components described in the first row. The simulation software (Matlab, ADS or any other possi- 
ble software) can process the received data with the baseband receiver algorithms. The interaction 
between simulations and VSA is an excellent mechanism for teaching, studying and analyzing the 
current and possible future generation wireless systems. It allows a detailed study of the received 
waveform and development of advanced receiver algorithms considering realistic scenarios. Input 
to VSA can be a RF, IF, or baseband signal. Figure 1.3 shows a simplified block diagram of a VSA. 
Some of the important performance parameters of signal analyzers include: demodulation band- 
width (analysis bandwidth determines the maximum bandwidth that can be analyzed by the VSA); 
dynamic range (measure of how well a small signal can be analyzed in the presence of a big signal); 
I/Q memory (indication of how many samples can be captured and stored into memory, especially 
critical for wideband system measurements); residual error vector magnitude (EVM) (measure of 
how much the VSA contributes to the measured EVM); speed (measure of how fast the data can 
be processed); etc. 

The final stage of the design cycle is the rapid prototyping of the complete system or subsystems. 
With rapid prototyping a sketch of the transmitter (or part of the transmitter) and receiver (or part of 
the receiver) hardware is developed. The prototyping is the stage which is closer to a final product. 
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Figure 1.4 This simplified block diagram shows the main components of a VSA. 
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At this stage, and extensive testing and verification of the hardware that is prototyped is required. 
Test and measurement equipment along with the testbed described above can be used to evaluate 
the performance of the prototype as shown in the fourth row in Figure 1.2. 


1.3 Examples of Co-simulation with Hardware 


In the previous section, a model for a testbed is described. In this section, some examples for the 
co-simulation of system with hardware and test equipment, along with various DUT configura- 
tions, will be provided. In Figure 1.5 a limited set of test configurations is given. A more generic 
version is also given in Figure 1.6. For example, the radio channel can be characterized using the 
configuration in Figure 1.5a. A sounding sequence with good auto- and cross-correlation properties 
can be generated using the signal generator. This properly designed clean signal is then transmitted 
over the wireless channel. The perturbed received signal at the receiver side can be processed to 
obtain the channel characteristics. With such configuration, the radio channel can be measured 
and appropriate statistical models can be obtained to characterize the radio channel in the mea- 
sured environment. The advantage of this approach is that the channel can be measured even if 
the transmitter and receiver are located far from each other. Note that in this configuration, the 
signal generator and signal analyzer can be controlled using CAD software (like Matlab) so that a 
user-defined sounding waveform can be used at the transmitter and the I/Q data can be processed 
at the receiver using a user-defined algorithm. The radio channel characteristics can be obtained at 
various carrier frequencies with different transmission bandwidth. The impact of carrier frequency, 
transmission bandwidth, the distance between transmitter and receiver, the operating physical 
environment can easily be observed with such a configuration. 

In Figure 1.5b, a configuration to test power amplifier (PA) or low noise amplifier (LNA) is 
shown. In this case, the transmitter generates a clean modulated signal (or unmodulated carrier) 
with different input power levels and the signal is passed through the amplifier. The output sig- 
nal is received at the receiver end and processed to characterize the impact of the amplifier at the 
transmitted signal. The measurement techniques to characterize the impact of the amplifier will 
be discussed in detail in the subsequent chapters. Note that the transmitted clean signal can be 
configured to generate a signal with different peak-to-average power ratio (PAPR) levels or with 
various other statistics. This capability will be especially critical to characterize the impact of the 
input signal and PA configuration together. 

In Figures 1.5 (c) to (i), configurations to test various systems and subsystems are shown. For 
example, a complete transmitter can be tested by connecting the DUT (in this case it is the whole 
transmitter) to a signal analyzer. Note that in this case, the transmitter is not assumed to transmit 
a clean signal, rather we desire to measure how clean the transmitted signal is. If the signal ana- 
lyzer is configured to receive the transmitted signal and appropriate algorithms to synchronize and 
demodulate the received data are implemented, testing the transmitter is pretty straight forward. 
In this case, the signal analyzer not only acts like an actual receiver tuned to receive the transmit- 
ted signal but also provides performance metrics to quantify the quality of the transmitted signal. 
These metrics will be discussed in detail in the subsequent chapters. 

The signal analyzer and a well-designed analysis software can be used to evaluate and mea- 
sure the reaction of DUT to various interference scenarios. The signal analyzer can also be used 
to observe the transient behavior of the DUT when the DUT changes the transmitted waveform 
as a reaction to interference or other stimulus. Hence, with a proper setup, we can control the 
interference environment with arbitrary signal generator, and we can observe and measure the 
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Figure 1.5 Testing systems and subsystems: various DUT configurations are shown. 
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Figure 1.6 A more generic test and measurement set-up using signal generator and signal analyzer set. 


DUT behavior and performance with signal analyzer along with enhanced test and measurement 
software. Such a setup can also be useful for testing link adaptation, in addition to other adaptive 
behaviors of the transmitter. 

Although it is not shown in Figure 1.5, in measuring SDR based transmitter or receiver, it is 
important that the signal generator can apply test signals to the digital subsystem and signal 
analyzer can capture signals from the digital subsystem. For example, test signals directly from 
signal generator (instead of a real field-programmable gate array [FPGA]) can be used to drive 
digital-to-analog converter (DAC) (possibly after a digital signal interface module), or alternatively, 
a signal generated by field-programmable gate array (FPGA) can be fed to signal analyzer (after 
passing it through the digital signal interface module) to test the performance of the signal at the 
FPGA output. This is shown in a very basic form in Figure 1.6. 


1.4 A Sample Model for a Laboratory Course 


In this section, a model lab course will be provided as an example. Specifically, the Wireless Com- 
munications Systems Laboratory course that has been offered at the electrical engineering depart- 
ment of University of South Florida is given as the example. The Wireless Communications Systems 
Laboratory course is a three-credit course designed for graduate and senior-level undergraduate 
students. The theoretical aspects of the course are discussed in a weekly in-class session, which 
lasts approximately two hours. Principles of wireless communications, popularly used wireless 
communication technologies, standards and waveforms (single carrier and multicarrier), wireless 
communication receiver and transmitter hardware components, digital modulation, pulse-shaping 
filters, synchronization, and wireless propagation channel, multiple accessing are among the the- 
oretical issues discussed. Experiments are designed in order to strengthen the trainee perspective 
on theoretical materials, and last approximately three and a half hours weekly. 

The laboratory course is based on the successful completion of ten mandatory experiments and 
a design project. Team work and cooperation with the other trainees are strongly encouraged 
throughout the course. Postlaboratory reports, which are supposed to outline conclusions and 
outcomes derived from the experiments, are an essential part of the course. Trainees are also 
required to submit a report detailing the outcomes of their project and share their experiences 
with their classmates through a 30-minute demonstration at the end of the semester. Several pop 
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Figure 1.7 Functional model of the fundamental training. 


quizzes and a final examination are also given to test trainees’ understanding of the materials 
studied. 

The course teaches telecommunications with an emphasis on physical, data link, and network 
layers. The training content presents the journey of bits through telecommunication systems as 
depicted in Figure 1.7. The theoretical content and numerical modeling can be taught either in a 
conventional classroom settings or computer laboratory or remotely. On the other hand, the hard- 
ware implementation requires a flexible radio platform that consists of SDR capable transmitter 
and receivers along with the modular RF front-end and configurable channel emulators. A basic 
SDR testbed includes a VSG, a VSA, and a computer that runs telecommunication system design 
and analysis tools as well as cables/antennas as shown in Figure 1.8. The signal generators and 
analyzer shown in the figure are high-end equipment with advanced capabilities. However, much 
lower cost versions are also available with relatively limited functionalities. In general, almost all 
the course contents can be delivered with high-end or low-cost equipment as all of them are SDR 
capable. A VSG can generate signals using various digital modulation techniques and baseband 
pulse shapes. Also, it can multiplex them in various domains such as time, frequency, and code to 
obtain standard and custom waveforms. These waveforms can either be generated internally using 
the VSG in standalone operation or externally using the computer and conveyed to VSAs. A VSA 
has the ability to demodulate the standard and custom signals in a standalone mode similar to a 
VSG. Also, it can convey the I/Q samples of the received signal to a computer for processing. The 
interaction between a computer and VSGs/VSAs is an excellent mechanism for teaching, studying, 
and analyzing the current and upcoming telecommunication systems. 

The system design, scenarios, and channel conditions can be enriched further by extending the 
testbed with mobile transceivers, modular RF front-end, and channel emulation tools as presented 
in Figure 1.9. I/Q modems, DACs, analog-to-digital converters (ADCs), mixers, voltage-controlled 
oscillators (VCOs), power amplifiers (PAs), band-pass filters, cables, and antennas are some of 
the critical RF front-end components of telecommunication systems. Testing and measuring 
a telecommunication system using a modular RF front-end provides the ability to analyze the 
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Figure 1.8 Basic SDR testbeds each consisting of a VSG, a VSA, a computer, and cables/antennas. 


Figure 1.9 A flexible radio platform that features mobile SDR equipment, modular RF front-end, and 
configurable channel emulators. 
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function and effect of each component separately. In addition, mobile transceivers allow emulating 
various scenarios such as cellular hand-off and positioning. For high accuracy requirements, 
handheld VSGs and VSAs are preferable, whereas an abundance of low-cost SDR hardware is 
more convenient for experienced trainees to emulate applications involving networking and inter- 
ference management. Furthermore, diverse channel conditions can be mimicked via reverberation 
and anechoic chambers, unmanned aerial vehicles (UAVs), and metal fans [8]. The frequency 
selectivity of the channel is controlled through the use of chambers, whereas time selectivity is 
managed using multispeed fans. 

Basic telecommunication concepts can be taught in ten mandatory modules as numbered in 
Figure 1.7. Also, the final module (design project development) adapts trainees to contemporary 
telecommunication systems. A detailed description is provided on the training website, and the 
key components of these modules are summarized as follows: 


1.4.1 Introduction to the SDR and Testbed Platform 


The primary objective of this module is to familiarize trainees with a basic SDR testbed. They learn 
how to use and control various SDR platforms (high-end vectors signal analyzers and generators, 
lower cost USRP, and even less expensive Adalm Pluto). Trainees learn how to generate and analyze 
signals utilizing the SDR platforms. They learn to generate basic single-carrier and multicarrier 
waveforms at the VSGs and assess their performances using the built-in functions of the VSAs 
along with the corresponding computer software. They also learn how to capture signals using 
SDRs and transfer these signals to the computers for further processing in Matlab. Similarly, they 
learn how to push Matlab generated signals to the signal generator hardware. Not only the signals 
that are generated by VSGs but also over the air signals such as FM radio, Wi-Fi, and Cellular sig- 
nals are observed and analyzed using this module. Also, the received signal at VSA is downloaded 
to a computer, and spectro-temporal characteristics are analyzed using numerical tools. This part 
is especially important to illustrate the interconnection between the components of a basic SDR 
testbed. 


1.4.2. Basic Simulation 


In this module, trainees learn the simulation of a basic communication systems using Matlab. The 
importance of various models for simulation and a basic link setup is described and implemented. 
The performance of communication in additive white Gaussian noise is simulated and analyzed. 
Bit-error-rate (BER) versus signal-to-noise ratio (SNR) performance curves are obtained and inter- 
preted. Basic modulation with rectangular pulse shaping (unlimited bandwidth), noise addition, 
optimal detector implementation are explained and implemented. Constellation diagram and polar 
diagrams are described and observed using the simulations. Observing the received signal and com- 
menting on the quality of the signal under various noise levels are explained. 


1.4.3 Measurements and Multidimensional Signal Analysis 


Multi dimensional signal analysis and introduction to all performance measurement techniques 
are discussed in this module. The first part of this module mainly discusses signal characteristics 
in multiple domains such as time, spectrum, modulation, and code leading to the concept 


1 http://wcsp.eng.usf.edu/courses/wesl. html. 
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of multidimensional signal analysis. Multidimensional signal analysis is very important to 
understand challenges and trade-offs introduced by emerging wireless technologies. Learning 
multidimensional signal analysis helps trainees grasp difficult wireless concepts in laboratory 
environment. Then, trainees will learn all the link level measurements and visualization tools. 
The trainees will be familiar with the following items: 


e Performance analysis tools and how to interpret them 

e The spectral analysis and measurements (power spectrum, spectral masks, spectral flatness, fre- 
quency selectivity, bandwidth measurement 

e Temporal analysis and time measurements (power versus time, transient behaviors, temporal 
selectivity of signals, histogram and time signal statistics) 

e Spatial measurements (angular spread, space selectivity), etc. 

e The relation between the multidimensional characteristics of the signals and exploring the dual- 
ities among various dimensions 

e Correlation analysis 

e Transient analysis of nonstationary signals (understanding and measuring transient behaviors 
of signals) 

e Cyclostationarity analysis 

e Code domain analysis 

e Spectrogram 

e Constellation and polar diagrams 

e EVM, EVM versus time, EVM versus frequency 

e PAPR, complementary cumulative distribution function (CCDF) 

e Eye diagram 

e Learn how to measure EVM, power spectrum, constellation, polar diagram, PAPR, SNR 


1.4.4 Digital Modulation 


Trainees commence the telecommunication system design by mapping bits to symbols after the 
overview in the first three modules. The theory part of the module teaches the purpose of digital 
modulation and its limiting factors such as SNR and PAPR. In the numerical and hardware 
implementation parts, various modulation schemes are demonstrated using built-in functions 
and characterized in terms of power efficiency, spectral efficiency, and ease of implementation. 
The analyses start with the throughput comparison of binary phase shift keying (BPSK) and 
higher-order quadrature-amplitude-modulation (QAM) and phase-shift-keying (PSK) modula- 
tion schemes as a function of SNR to demonstrate the trade-off between spectral and energy 
efficiency. Low order versus high order modulations and the trade-off between higher data rates 
and susceptibility to noise at higher orders of modulation are examined. This trade-off is made 
clear through the observation of EVM, I/Q polar diagram, eye diagram, and power CCDF curve. 
After initial characterization, alternative modulation schemes such as z/2-BPSK, z/4-DQPSK, 
Offset-QPSK, and minimum shift keying (MSK) that enhance PAPR to overcome hardware 
limitations at the expense of implementation complexity are demonstrated and examined. The 
importance of constant envelope modulation is explained and compared with nonconstant 
envelope modulation. After trainees comprehend the distinguishing characteristics of various 
digital modulation schemes, the instructor transmits a signal, and trainees attempt to figure out 
the digital modulation scheme blindly. Trainees understand the motivation behind the existence 
of various digital modulation schemes and link adaptation to channel conditions in this module. 
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1.4.5 Pulse Shaping 


The objective of this module is to study the impact of baseband pulse shaping filters, which map 
digitally modulated symbols into waveforms, on telecommunication system performance. The 
discussions take off with orthogonal raised cosine (RC) filters. Trainees alter the roll-off parameter 
that controls the spectro-temporal characteristics, and observe changes in the spectrum, time enve- 
lope, power CCDF curve, I/Q polar diagram, and eye diagram. Furthermore, the performance of 
the RC pulse-shaping filter at the transmitter side is compared with using root raised cosine (RRC) 
pulse-shaping filter at both transmitter and receiver, and superiority of matched filtering is demon- 
strated. Also, an RRC pulse-shaped signal is transmitted without matched filtering at the receiver, 
and the presence of inter-symbol interference is pointed out. Once trainees are accustomed to the 
nonorthogonality in the filter design, the discussion continues with Gaussian pulse shaping filters 
that are preferred due to their spectral confinement. The similarity between the bandwidth-time 
(BT) product of Gaussian Pulse-shaping filters and the roll-off factor of RC pulse-shaping filters are 
pointed out. Global system for mobile communications (GSM) signals with different BT products 
are generated, and their performances are evaluated similar to RC pulse-shaped signals. After 
understanding the spectro-temporal characteristics of baseband pulse-shaping filters, the instruc- 
tor transmits signals, and trainees predict the filter parameters. The fundamentals for spectral- 
and energy-efficient design are taught in this module, and robust filter design against RF front-end 
impairments and multiple access wireless channel are further elaborated in the following modules. 
After completing this module, the trainee will have a full understanding of: 


Various filters and their effect on the communication system 

The effect of optimal match filtering under additive white Gaussian noise (AWGN) 

The effect of pulse shaping on eye diagram, bandwidth and time 

The effect of pulse shaping on CCDF 

Ambiguity function and time-frequency localization (time and spectrum analysis of the pulses) 
Localized versus nonlocalized pulses and their effects — inter-symbol interference (ISI 

Details of raised cosine pulse shaping and impact of roll-off 


1.4.6 RF Front-end and RF Impairments 


Teaching the functionalities and characteristics of critical RF front-end components is the core 
objective of this experiment (see Figure 1.10). In the first stage of this module, the instructor informs 
trainees on I/Q modems and familiarize them with various impairments using the internal I/Q 
modulator on VSGs. I/Q gain imbalance, quadrature offset, and DC offset are intentionally intro- 
duced, and their effect on I/Q polar diagram, eye diagram, and EVM are exhibited. Following this 
stage, quantization effects are demonstrated by connecting an external DAC with various resolu- 
tions to VSGs and altering the dynamic range of VSAs. Trainees observe the results of quantization 
errors such as spectral regrowth, increase in EVM, interpolation issues in eye and I/Q polar dia- 
grams. Afterward, the analog signal is conveyed to an upconverter unit that consists of a mixer and 
a VCO to shift the baseband signal to IF or RF. Trainees compare the stability of low-end standalone 
VCOs’ output with that of VSGs. The reference signals generated by both VCOs are passed through 
mixers for upconversion. It is demonstrated that low-end standalone VCOs cannot output stable 
tones and produce phase noise. 

Trainees analyze the effect of nonlinear behavior of mixers and PAs. First, they observe the spec- 
trum while operating the PA in the linear region. Hence, the harmonics generated only by the mixer 
are presented. Afterward, the transmitted power is gradually increased, and power CCDF curve, 
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Figure 1.10 RF front-end design experiment. 


EVM, I/Q polar diagram, and spectrum are observed. It is demonstrated that increasing the trans- 
mit power beyond the hardware limitations does not increase SNR. Band-pass filters are provided 
to suppress harmonics caused by both components. Furthermore, PAPR is reduced by using digi- 
tal modulation techniques that omit zero-crossings and utilizing RRC pulse shapes with a higher 
roll-off factor. Thus, trainees understand both the inconveniences of these devices and techniques 
to cope with their disadvantages. Also, this module provides them an opportunity for building a 
complete RF front-end by connecting all the aforementioned components. 


1.4.7. Wireless Channel and Interference 


The purpose of this module is to present fundamental EM wave propagation concepts. The channel 
imposes various effects on EM waves such as distance and frequency-dependent path loss, large 
scale fading (i.e. shadowing), and small-scale fading (i.e. delay spread and Doppler spread). In the 
first stage, the distance- and frequency-dependent characteristics of the path loss are depicted by 
measuring the signal with different antenna separations at different frequencies. Trainees sweep 
the FM band and record the received power levels of various stations. They obtain the transmit 
power, antenna height, and distance information online. Afterward, a simple statistical path loss 
model is derived considering the measurements from the stations with the same parameters. Also, 
shadowing is demonstrated by pointing out the variation around the path loss. 

The second stage of the experiment is concerned with small-scale fading, which originates from 
two phenomena, namely delay and Doppler spreads. This is illustrated in the lab using a rever- 
beration chamber that provides control of the delay spread in an indoor environment. Trainees 
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alter the transmission bandwidth and observe a frequency selective channel when the signal band- 
width exceeds the coherence bandwidth of the channel. It is challenging to demonstrate mobility 
in an indoor environment. Either the transceiver or the environment must be mobilized. A mul- 
tispeed metal fan is utilized to create the variation in time. Trainees place a metal fan in between 
two antennas and operate it at different speeds while monitoring the spectrogram. Furthermore, a 
doubly-dispersive channel is emulated by moving the fan inside the reverberation chamber [8, 9]. 
Finally, trainees apply the concepts that are discussed in the previous modules to design telecom- 
munication systems robust against channel effects. For example, the symbol rate is decreased to 
elevate immunity to delay spread, whereas it is increased to boost resistance to Doppler spread. 
Furthermore, the RRC roll-off factor is raised to improve the performance in both spreads with a 
penalty of degraded spectral localization. 


1.4.8 Synchronization and Channel Estimation 


The objective of this module is designing a complete digital baseband receiver. The instructor 
transmits a BPSK modulated time division multiple access (TDMA) frame. The frame consists 
of individualized messages following different repeated m-sequences for each testbed. Trainees 
capture the signal and record it for offline processing. They start with the coarse time synchroniza- 
tion step to pinpoint the position of their desired message. Since two m-sequences are appended 
back to back, their autocorrelation gives a rough estimate of the allocated slot beginning. Upon 
the coarse time synchronization step, the frequency offset amount is estimated using the constant 
delay between the consecutive m-sequences. The estimated frequency offset is compensated for 
the frequency synchronization. Then, fine time synchronization is performed by cross-correlating 
the local m-sequence copy with the frequency offset compensated signal. Trainees downsample the 
signal at the best sampling locations using the fine time synchronization information. Afterward, 
channel estimation must be carried out to compensate for the channel effect. The m-sequence of 
the received signal is compared with the local m-sequence copy in order to estimate the wireless 
channel. The phase and amplitude of the received signal are corrected upon estimation. In the final 
stage, digital demodulation is performed, and estimated bits are mapped to characters to reveal the 
transmitted information. Trainees are thrilled to be able to demodulate a physical signal similar to 
their daily devices. This module finalizes the modules that are pointed out in the functional diagram 
on Figure 1.7 and demonstrates a complete picture of a basic single-carrier communication system. 


1.4.9 OFDM Signal Analysis and Performance Evaluation 


The main features of orthogonal frequency division multiplexing (OFDM) waveform are studied 
in this module. The trainees learn to generate and receive a basic OFDM signal, and apply time 
and frequency domain analysis. Effects of impairments and synchronization errors on OFDM sig- 
nal are investigated. Also, the effects of OFDM parameters (CP size, FFT size, etc.) on the system 
design considering hardware and channel impairments are experimented. The instructor supplies 
trainees with a cyclic prefix (CP)-OFDM transmission script along with the VSG and VSA connec- 
tion libraries. In the first stage, trainees are expected to develop their OFDM baseband receiver 
algorithms similar to the previous module. Since there is no m-sequence in the frame, CP is used 
for time and frequency synchronization. Trainees repeat the hardware implementation steps of 
RF front-end and propagation channel modules for multicarrier communication after the receiver 
design. FFT size, number of active subcarriers, CP length, and modulation order are altered in each 
step, and their effect on the telecommunication system performance is analyzed through power 
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CCDF curve, constellation, and spectrum. Also, they compare the impairments for single-carrier 
and multicarrier communication schemes and point out the main differences. This module com- 
bines all the concepts that are covered in this training within the perspective of an advanced mod- 
ulation scheme that is used in current cellular and Wi-Fi systems. 


1.4.10 Multiple Accessing 


The purpose of this module is to acquaint trainees with resource allocation among multiple users 
and to manage resulting interference. Previously, the testbeds share the channel in an frequency 
division multiple accessing (FDMA) manner. In this module, they get familiarized with other 
multiple accessing schemes such as TDMA, code division multiple access (CDMA), frequency 
hopping (FH), and orthogonal frequency division multiple access (OFDMA). Initially, GSM 
signals with varying relative burst powers for each slot are broadcasted by the instructor. Each 
slot is assigned to a certain testbed along with associated relative burst power. Trainees observe 
the TDMA frame structure and locate their slot. In the following stage, the instructor transmits 
various direct-sequence spread-spectrum (DSSS)-CDMA signals by assigning different codes to 
each testbed. As the number of active codes increases, trainees observe the power CCDF curve and 
conclude that an increased number of random variables degrades PAPR characteristics. Multiple 
CDMA signals are multiplexed into a time frame and trainees are asked their own data. Also, in 
this module, the trainees learn to obtain and interpret code domain power when multiple codes 
are active in the received signal. The trainees can identify active codes and their associated relative 
power levels by employing code domain power measurement. Similarly, trainees learn Rho 
measurement and understand the interpretation of this measurement for various code correlation 
and noise values. Also, a joint time-frequency analysis is performed on bluetooth signals from two 
smartphones using the spectrogram. The smartphones’ distances to a VSA are utilized to identify 
the hopping structure of each frequency hopping spread spectrum code. If an arbitrary single user 
frequency hopping signal is generated, the trainees are asked to employ spectrogram measurement 
and identify the code sequence used at the transmitter. Finally, trainees learn OFDMA multiple 
accessing and understand the two-dimensional resource block concept and how to allocate these 
time-frequency resource blocks to different users. 

Upon introducing conventional resource allocation techniques, multiple access interference 
is explained. Adjacent channel interference (ACI) is demonstrated by transmitting equipower 
RRC pulse-shaped signals in adjacent bands simultaneously without a guard band in between. 
Although the testbeds can demodulate their signals with slight performance degradation, they 
cannot demodulate each others’ signals properly due to the near/far effect. In this step, trainees 
utilize their knowledge from the previous module and adjust the RRC roll-off factor to mitigate 
ACI. In the next stage, testbeds generate single-carrier signals at the same frequency and emulate 
a co-channel interference scenario. They observe that their communication performance signifi- 
cantly degrades since there is an insufficient spatial separation between the testbeds. Afterward, 
one of the testbeds switches to the DSSS scheme, and it is demonstrated that spread spectrum 
systems are more robust against narrowband interference. This module integrates previously 
learned concepts and improves multidimensional signal analysis skills. 


1.4.11 Independent Project Development Phase 


Trainees become ready to pursue independent projects upon the completion of the fundamen- 
tal training phase. The independent project development phase requires trainees to acquire and 
apply new knowledge as needed without well-defined instructions and sharpens their analysis and 


1.4 A Sample Model for a Laboratory Course 


synthesis skills. Also, it promotes teamwork and generates synergistic engineers. Trainees improve 
their presentation skills by demonstrating their projects effectively to a wide range of audience that 
includes undergraduate trainees, graduate trainees, faculty, and industry professionals. Discussions 
that take place during presentations and feedback received afterward are reportedly beneficial for 
professional interviews. The documentation of projects benefits technical writing skills. Further- 
more, notable projects are encouraged for publication, and scientific interest among trainees is 
cultivated. Although novelty is not enforced, it is highly encouraged. Considering the last 50+ 
projects that are completed under the authors’ supervision, the feasible and educational projects 
are categorically summarized to inspire prospective trainees as follows: 


1.4.11.1 Software Defined Radio 

The expertise acquired with the higher-end SDR platforms in the fundamental training phase 
equips trainees with the ability to build their own low-cost SDRs. These projects are especially suit- 
able for embedded system developers seeking to implement the Internet of Things transceivers. 
The budget-limited SDR hardware comes with the price of excessive RF front-end impairments. 
Trainees must also develop advanced baseband algorithms to mitigate I/Q impairments, PA non- 
linearities, and low-resolution DAC/ADC quantization issues. 


1.4.11.2 Dynamic Spectrum Access and CR Experiment 

In this project, trainees will learn how to scan a wide spectrum, estimate the spectrum usage 
(by other users or applications around), make a spectrum occupancy decision, and perform spec- 
trum hand-off (i.e. move to another frequency band if the currently used spectrum is occupied). 
The project will be carried out in FM radio frequencies inside the laboratory environment. For 
carrying out the project 3 USRP boards will be used. Two of the USRP boards will be used for emu- 
lating a secondary transceiver (one board will be used for spectrum scanning and sensing and the 
other USRP board will be used for transmitting an FM radio broadcasting signal as a secondary 
basis). The third USRP board will be used by the instructor (or TA) to emulate the primary user 
(or interfering user). The secondary user will scan the spectrum, find an appropriate channel (the 
best channel or an interference-free channel) and start transmitting an FM broadcasting signal 
in an opportunistic manner. Other trainees in the room should be able to listen the broadcasting 
signal from their off-the-shelf FM radio by tuning to the band that the secondary user is trans- 
mitting. Hence, the trainees can confirm the transmission of secondary user signal and evaluate 
the quality of the FM transmission by the secondary user. While this operation is taking place, the 
instructor (or TA) will create another signal and transmit it over the band that the secondary user 
is utilizing (this will emulate the primary user or interfering signal). The secondary user should 
be able to detect the existence of primary user in this band through continual spectrum sensing 
operation, and make a spectrum hand-off to another band that is interference-free. Trainees will 
learn: How to use the USRP boards as a transceiver; how to control these boards from computer; 
spectrum sensing and measurement (real-time spectrum and interference awareness); FM signal 
generation and transmission via USRP board; dynamic spectrum access concept (real-time adap- 
tation of the transmission or usage of channel for communication); Fourier analysis and spectral 
analysis; time-frequency analysis; FM modulation. Physical (PHY) layer, medium access (MAC) 
layer, and some network layer functionalities will be learned in this project. Trainees will be able 
to connect the knowledge of DSP, communication, and networking courses. 


1.4.11.3 Wireless Channel 
The fundamental training phase provides the ability to comprehend basic features of conventional 
cellular and Wi-Fi channels. Trainees with strong propagation engineering backgrounds may 
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characterize and model different environments [10]. Furthermore, advanced channel features can 
be extracted to determine line-of-sight/nonline-of-sight conditions or to design an object identifier 
via machine learning. Location services driven by channel properties are also compelling projects. 
Triangular positioning, channel-based authentication, distance and angle of arrival estimation 
techniques are exemplary candidates. Moreover, the novel doubly-dispersive channel emulators 
[8, 9] used in the fundamental training phase were originally designed and implemented as trainee 
projects. 


1.4.11.4 Wireless Channel Counteractions 

After obtaining a well-understanding in channel characteristics, trainees can exploit them 
to improve telecommunication systems further. For example, multiple-input multiple-output 
(MIMO) systems are designed to take advantage of spatial diversity. Trainees with antenna and 
RF circuit design experience prefer MIMO front-end design and manufacturing, whereas trainees 
with solid communication theory background favor MIMO power allocation, channel estimation, 
and compensation projects. Furthermore, the millimeter wave channel, which will be deployed in 
5G, can be studied as well. For instance, a trainee dealt with the millimeter wave blockage issue 
using an adaptive antenna beamwidth implementation as presented in [11]. 


1.4.11.5 Antenna Project 

In this project, trainees will learn antenna patterns, directional and omnidirectional antennas 
and combine this knowledge with applications for sectorization, switched beam forming, angle 
of arrival-based locationing, spatial multiple accessing, adaptive antenna systems, and hand-off 
with sectored antennas (i.e. connect the theories they have learned in electromagnetics course 
with wireless communication systems, digital signal processing, and networking). Trainees will 
observe the radiation pattern of directional and omnidirectional antennas in the laboratory (with 
rich scattering environment) and in the corridors (with channel guide effects) and in open rooms 
and outside of the building. Portable laptop with USRP boards will be used for this purpose. 
Alternatively, handheld vector signal analyzer and generators can be used for the outdoor portion 
of this project. Once the trainees understand the beam patterns of various antennas, they will 
use the directional antennas for applications in communications. One of these applications is 
to employ hand-off process from one access point to another (this can be an emulation of one 
sector in cellular system, or an access point in Wi-Fi) as the transmitter antenna moves from one 
sector to another in the lab environment. For this project, three USRP boards are needed. One of 
the USRP boards will be used as mobile transmitter that is sending a signal to the access points. 
The other two USRP boards will be used as two different access points that are connected to 
directional antennas; each antenna is covering a sector. These two USRP boards will be controlled 
by a common computer (representing the mobile switching center or the common baseband 
controller). As the transmitter moves around, the baseband controller will receive signals from 
both access points, process the received signals using digital baseband signal processing, and 
decide which of the access points should be the point of contact. 


1.4.11.6 Signal Intelligence 

Trainees with digital signal processing (DSP) and communication theory backgrounds may utilize 
their extensive knowledge on multidimensional signal analysis, and communication channel to 
pursue signal intelligence applications. These applications include nondata aided blind receivers 
which estimate various parameters such as symbol rate, modulation type, and pulse shaping filter 
parameters in the presence of RF front-end and channel impairments. Furthermore, trainees can 
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conceal the transmitted signal to prevent eavesdropping using various single- and multiantenna 
physical layer security techniques such as artificial noise transmission. Also, trainees may utilize 
channel-based authentication methods to identify the legitimate transmitter as well. 


1.4.11.7. Channel, User, and Context Awareness Project 

In this project, trainees will use one or multiple USRP boards to receive a signal transmitted from 
a transmitter and obtain some knowledge base from the received signals to identify information 
about the location of the transmitter, wireless channel between transmitter and receivers, and con- 
text of the transmitter (mobility, environment conditions, etc.). In other words, the receiver USRP 
boards will be used as radio sensors. Trainees will learn how to process received signal and how to 
extract useful information from multiple received signals. Trainees will be able to analyze received 
signals in multiple domains (time, spectrum, and angle) and also extract the channel correlation in 
multiple domains to identify the temporal, spectral, and angular variation of the channel. Then, this 
information will be used to identify some features of the transmitter like type of physical environ- 
ment, location, mobility, etc. Trainees will also learn about the radio channel (path loss, shadowing, 
multipath) and relate the channel effect to the contextual information which promises further 
opportunities for the communication system. This project will be able to connect the knowledge 
learned from wireless communication, digital communication, digital signal processing, pattern 
recognition, electromagnetics, RF and microwave theory, and artificial intelligence courses. 


1.4.11.8 Combination of DSP Lab with RF and Microwave Lab 

In this project, the testbed can be integrated to the DSP lab and RF Microwave circuits lab for the 
design ofan end-to-end communication system. Trainees will be able to connect their knowledge in 
DSP, RF and microwave circuits, and digital communications course. In many universities trainees 
take DSP lab (or microprocessor lab) course where they learn how to program a DSP processor (or 
General Purpose Processor). For example, they can develop a basic digital baseband transceiver 
in these lab courses without any problem. Similarly, in many universities, trainees take RF and 
microwave lab courses where they learn how to build RF front-end circuits and analyze these 
subsystems. However, both these courses are often disconnected and trainees cannot leverage the 
knowledge they have learned in these courses to develop a digital radio system. For example, a 
problem in an RF subsystem and its effect on the baseband signal processing is not considered 
properly. In this project, we will provide trainees this ability and also help them how to make use 
of the knowledge that they have learned from these courses to develop a complete system. The 
trainees will need a DSP (FPGA or general purpose processor [GPP]) board for implementing digital 
baseband algorithms. These boards need to have internal ADC and DAC. The RF front-end design 
needs to be integrated into the board. Therefore, trainees will need RF front-end components like 
oscillators, power supplies, filters, mixers, power amplifiers, low noise amplifiers, etc. 


1.4.11.9 Multiple Access and Interference Management 

The fundamental training phase mostly covers the centralized and orthogonal multiple access- 
ing schemes. Alternative schemes such as cognitive radio (CR) and nonorthogonal multiple access 
(NOMA)attract trainees with data link layer interest and cultivate numerous projects. For example, 
the spectrum is utilized opportunistically in CR, and trainees avoid interfering the primary user. 
Furthermore, noncontiguous frequency resources can be aggregated in these projects. NOMA is 
another spectral-efficient resource utilization scheme and can be realized with multiuser detec- 
tion, blind source separation, and interference cancellation algorithms. Moreover, trainees may 
manage self-interference and develop full-duplex communication schemes to improve the capacity 
of telecommunication systems. 
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1.4.11.10 Standards 

Trainees can improve their expertise in telecommunication systems by partially implementing 
hardware layers of various standards such as 3G/4G/5G cellular, IEEE 802.11, Bluetooth, and stereo 
FM. In addition, those interested in network layer may realize vertical hand-off mechanisms to 
switch between different standards in a heterogeneous network scenario. Mobile SDR equipment 
is essential in these projects. Moreover, trainees can asses new technologies for future standards. 
For example, various waveforms might be implemented to evaluate their performances in realistic 
scenarios considering diverse channel conditions, multiple access interference, and RF front-end 
impairments. 


1.5 Conclusions 


The industry and academia require well-trained telecommunication engineers. The laboratory- 
based training is an excellent mechanism to educate outstanding engineers and to build a bridge 
between these two institutions by integrating theoretical proficiency, numerical modeling skills, 
and hands-on experience [12-22]. The provided array of skills as well as professional qualities help 
trainees to succeed in their professional journeys and to design future generations of telecommu- 
nication systems. Other institutions that are willing to setup a similar training can profit from the 
experiences shared in this chapter. Especially, the improvement of trainees confirm the effective- 
ness and make the proposed training a candidate for the flagship training of telecommunication 
education. 


References 


1 J. Mitola, “The software radio architecture,” IEEE Communications Magazine, vol. 33, no. 5, 
pp. 26-38, May 1995. 

2 —, “III: Cognitive radio: an integrated agent architecture for software defined radio,” Ph.D. 
dissertation, PhD thesis, KTH (Royal Institute of Technology), Stockholm, 2000. 

3 M. D. L. Angrisani and M. D’Arco, “New digital signal-processing approach for transmitter 
measurements in third generation telecommunication systems,” IEEE Transactions on Instru- 
mentation and Measurement, vol. 53, no. 3, pp. 622-629, June 2004. 

4 L. D. Vito and S. Rapuano, “A 3-D baseband signal analyzer prototype for 3G mobile telecom- 
munication systems,” IEEE Transactions on Instrumentation and Measurement, vol. 54, no. 4, 
pp. 1444-1451, Aug. 2005. 

5 Agilent Technologies, Inc., “Agilent technologies application note: software defined radio mea- 
surement solutions,” Printed in USA, 13 July 2007 [Online]. Available: http://cp.literature 
.agilent.com/litweb/pdf/5989-6931EN.pdf. 

6 Tektronix, “Tektronix application note: software defined radio testing using real-time spectrum 
analysis,” 14 Jan. 2007 [Online]. Available: http://www2.tek.com/. 

7 Agilent Technologies, Inc., “Agilent E4438C ESG vector signal generator,” Published in USA, 
28 Feb. 2019 [Online]. Available: http://cp.literature.agilent.com/litweb/pdf/5988-4039EN.pdf. 

8 S. Giizelgéz, S. Yarkan, and H. Arslan, “Investigation of time selectivity of wireless channels 
through the use of RVC,” Elseiver Journal of Measurement, vol. 43, no. 10, pp. 1532-1541, 2010. 

9 A. B. Kihero, M. Karabacak, and H. Arslan, “Emulation techniques for small-scale fading 
aspects by using reverberation chamber,” IEEE Transactions on Antennas and Propagation, 
vol. 67, no. 2, pp. 1246-1258, Feb. 2019. 


References 


10 A. F. Demir, Q. H. Abbasi, Z. E. Ankarali, A. Alomainy, K. Qarage, E. Serpedin, and H. Arslan, 
“Anatomical region-specific in vivo wireless communication channel characterization,” IEEE 
Journal of Biomedical and Health Informatics, vol. 21, no. 5, pp. 1254-1262, Sept. 2017. 

11 S. Dogan, M. Karabacak, and H. Arslan, “Optimization of antenna beamwidth under blockage 
impact in millimeter wave bands,” in Proc. 2018 IEEE 29th Annu. Int. Symp. Personal, Indoor 
and Mobile Radio Commun., Bologna, IT, 9-12 Sept. 2018, pp. 1-5. 

12 A. F. Demir, B. Pekoz, S. Kose, and H. Arslan, “Innovative telecommunications training 
through flexible radio platforms,” IEEE Communications Magazine, vol. 57, no. 11, pp. 27-33, 
2019. 

13 M. Karabacak, A. H. Mohammed, M. K. Ozdemir, and H. Arslan, “RF circuit implementa- 
tion of a real-time frequency spread emulator,” IEEE Transactions on Instrumentation and 
Measurement, vol. 67, no. 1, pp. 241-243, 2017. 

14 A. Gorcin and H. Arslan, “An OFDM signal identification method for wireless communications 
systems,” IEEE Transactions on Vehicular Technology, vol. 64, no. 12, pp. 5688-5700, 2015. 

15 ——, “Signal identification for adaptive spectrum hyperspace access in wireless communications 
systems,” IEEE Communications Magazine, vol. 52, no. 10, pp. 134-145, 2014. 

16 S. Guzelgoz and H. Arslan, “Modeling, simulation, testing, and measurements of wireless com- 
munication systems: a laboratory-based approach,” in 2009 IEEE 10th Annual Wireless and 
Microwave Technology Conference, Clearwater, FL, 20-21 Apr. 2009, pp. 1-5. 

17 S. Ahmed and H. Arslan, “Cognitive intelligence in UAC channel parameter identification, 
measurement, estimation, and environment mapping,” in OCEANS 2009-EUROPE, Bremen, 
11-14 May 2009, pp. 1-14. 

18 M. E. Sahin and H. Arslan, “MIMO-OFDMA measurements; reception, testing, and evaluation 
of wimax MIMO signals with a single channel receiver,” IEEE Transactions on Instrumentation 
and Measurement, vol. 58, no. 3, pp. 713-721, 2009. 

19 A. M. Hisham and H. Arslan, “Multidimensional signal analysis and measurements for cogni- 
tive radio systems,” in 2008 IEEE Radio and Wireless Symposium, Orlando, FL, 22-24 Jan. 2008, 
pp. 639-642. 

20 M. Sahin, H. Arslan, and D. Singh, “Reception and measurement of MIMO-OFDM signals 
with a single receiver,” in 2007 IEEE 66th Vehicular Technology Conference, Baltimore, MD, 

30 Sept.-3 Oct. 2007, pp. 666-670. 

21 H. Arslan, “IQ gain imbalance measurement for OFDM based wireless communication sys- 
tems,” in 2006 IEEE Military Communications Conference, Washington, DC, 23-25 Oct. 2006, 
pp. 1-5. 

22 H. Arslan and D. Singh, “The role of channel frequency response estimation in the measure- 
ment of RF impairments in OFDM systems,” in 2006 67th ARFTG Conference, San Francisco, 
CA, 16 June 2006, pp. 241-245. 


21 


2 


Performance Metrics and Measurements 
Huseyin Arslan 


Department of Electrical Engineering, University of South Florida, Tampa, FL, USA 
Department of Electrical and Electronics Engineering, Istanbul Medipol University, Istanbul, Turkey 


Measuring and evaluating the performance of wireless radio communication is a critical step 
toward developing a clear understanding the behavior of the whole system, subsystems, or 
components. Some of the measurements can take place offline during the development and design 
phases of the system and subsystems, while others need to be carried out during the operation of 
the actual communication in real time. For example, during the operation of communication, the 
quality of the link or network needs to be monitored continuously so that the necessary steps can 
be taken to improve the performance. These measurements can take place in different parts of 
the network (for example, in mobile stations or base stations in cellular networks). The network 
entities can also share these measurements between each other as the location of the measurement 
and the adaptation of the system parameters based on these measurements can take place in 
different parts of the network. In this chapter, various metrics and measurement techniques will 
be discussed to inspect the communication system architecture and its performance. 


2.1 Signal Quality Measurements 


Testing, trouble shooting, verification, design, and real-time adaptation of wireless communica- 
tion systems need metrics to quantify the performance. Signal quality estimation is by far the most 
important measure that can be used in adaptive systems [1]. Different ways of measuring quality of 
the signal exist, and many of these measurements are done in the physical layer using digital base- 
band signal processing techniques [2-19]. In an actual receiver, the target quality measure is the 
frame-error-rate (FER) or bit-error-rate (BER), as these are closely related to higher level quality 
of service parameters like speech and video quality. However, these measurements do not provide 
enough information about the impairments and the quality of the signal. Therefore, other types 
of signal quality measurements, which are related to BER and FER, might be preferred. When the 
received signal is impaired only by white Gaussian noise, analytical expressions can be found relat- 
ing the BER to other measurements. For other impairment cases, like colored interferers and RF 
front-end-related noise and impairment sources, numerical calculations and computer simulations 
that relate these measurements to BER can be performed. Therefore, depending on the system, the 
signal quality is related to the BER. Then, for a target BER (or FER), a required signal quality 
threshold can be calculated to be used with the adaptation algorithm. 

The measurements can be performed at various points of a receiver, depending on the complexity, 
reliability, and delay requirements. Owing to the conflicting nature of different requirements, the 
latter two for instance, their simultaneous optimization might not be possible. System/network 
architects, therefore, need to make design choices keeping in mind the trade-offs for each user and 
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Figure 2.1 Various quality measurement techniques and possible locations to estimate these values in the 
receiver chain. 


application. Figure 2.1 shows a simple example where some of these measurements can take place. 
In the following sections, these measurements will be discussed briefly. 


2.1.1 Measurements Before Demodulation 


Received signal strength (RSS) estimation provides a simple indication of how strong the signal is 
at the receiver front-end. If the received signal strength exceeds a threshold, then the link is con- 
sidered to be good. The RSS measurement is simply done by reading samples from a channel and 
averaging these samples. However, averaging needs to be done carefully, especially for bursty and 
nonstationary signals. When the signal is discontinuous or nonstationary, long averaging intervals 
provide incorrect results. It is important that each segment is averaged separately, for example, in 
bursty transmission the averaging should be done when the signal is ON to get the RSS value of the 
signal during the transmission. Similarly, when the signal transmission is OFF, RSS measurement 
can be used to get an idea of the noise and interference power. 

Compared to other measurements, RSS estimation is simple and computationally less complex, 
as it does not require processing and demodulation of the received samples. However, the received 
signal includes noise, interference, and other channel impairments. Therefore, receiving a high 
RSS measurement does not tell much about the channel and the signal quality. Instead, it gives an 
indication whether a strong signal is present or not in the channel of interest. 

If the measurement is done in a wireless channel with a portable measurement device, the 
received signal power fluctuates rapidly due to fading. In order to obtain reliable estimates, 
the signal needs to be averaged over a time window to compensate for short term fluctuations. 
The averaging window size depends on the system, application, variation of the channel, etc. For 
example, if multiple receiver antennas are involved at the receiver, the window can be shorter 
compared to a single antenna receiver. For measurements with a cable connected between the 
device under test (DUT) and receiver, this is not an issue. Therefore, even short window of 
measurements can provide reliable received signal strength indicator (RSSI) values. 

Most wireless receivers (like cell phones, Wi-Fi receivers) include a display element which 
reflects the RSS information. When there is an ongoing communication session, the RSS indicates 
measurements of the strength of a signal received over a communication channel. When a 
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communication session is not in progress, the RSSI may reflect measurements of the strength ofa 
control channel signal. 


2.1.2. Measurements During and After Demodulation 


Signal-to-interference-ratio (SIR), 


P. 
SR (2.1) 
interference 
where P sonal is the signal power and E itepiorenas is the interference power, and signal-to-noise-ratio 
(SNR), 
P. 
SNR ee (2.2) 
noise 
where P,,,,,;,. is the noise power, and also signal-to-interference-plus-noise-ratio (SINR) , 
P. 
a (2.3) 
Pinterference + Proise 


are most common ways of measuring the signal quality during (or just after) the demodulation 
of the received signal. SIR (or signal-to-noise ratio [SNR], or SINR) provides information on how 
strong the desired signal is compared to the interferer (or noise, or interference plus noise). Most 
wireless communication systems are interference limited, therefore, SIR and SINR are more com- 
monly used. Compared to RSS, these measurements provide more accurate and reliable estimates at 
the expense of computational complexity and additional delay. In measurement world, in addition 
to noise, distortion is also considered frequently. Therefore, signal-to-noise-and-distortion (SINAD) 
is also used as a performance measure, 


P. signal 


SINAD = ; (2.4) 


P 


noise +P. distortion 
where Paistortion Yepresents the distortion. 

SIR estimation can be employed by estimating the signal power and the interference power sep- 
arately and then by taking the ratio of these two. The training (or pilot) sequences can be used to 
obtain the estimate of SIR. Instead of using a training sequence, the data symbols can also be used 
for this purpose. For example, in [20], where signal-to-noise ratio (SNR) information is used as a 
signal quality indicator for rate adaptation, the cumulative Euclidean metric corresponding to the 
decoded trellis path is exploited for channel quality information. Another method for channel qual- 
ity measurement is the use of the difference between the maximum likelihood decoder metrics for 
the best path and the second best path. In a sense, in this technique, some sort of soft information is 
used as channel quality indicator. However, this approach does not tell much about the strength of 
the interferer or the desired signal. There are several other SNR measurement techniques available 
in the literature, which can be found in [21]. 

Often, in obtaining the estimates, the impairment (noise or interference) is assumed to be 
white and Gaussian distributed in order to simplify the estimation process. However, in wireless 
communication systems, the impairment might be caused by a strong interferer that is colored. 
For example, in orthogonal frequency division multiplexing (OFDM) systems, where the channel 
bandwidth is wide and the interference is not constant over the whole band, it is very likely that 
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some part of the spectrum is affected more by the interferer than the others. Hence, when the 
impairment is colored, estimates that take the color of the impairment into account might be 
preferable. 


2.1.2.1 Noise Figure 
Noise figure of a subsystem (or component) can be defined as the ratio of the SNR at the input to 
the SNR at the output of the system: 
SN. Rinput 
SNR, : 


output 


Noise Figure = (2.5) 
An ideal subsystem or component (let’s say an amplifier) should have the same SNR at the input and 
output. Note that an amplifier boosts the power of both signal and noise at the input of the ampli- 
fier, therefore, the SNR will remain the same if the amplifier does not introduce additional noise. 
However, for practical amplifiers, the output SNR will be less since the amplifier will introduce 
additional noise and impairments into the system. The noise figure measurement helps the design- 
ers to identify the performance of the subsystem (or components). A low noise figure is desired as it 
means less noise is introduced to the system. The overall noise figure of a system can be calculated 
from the individual noise figures of the subsystems. 


2.1.2.2 Channel Frequency Response Estimation 

Channel frequency response (CFR) estimates provide information about the desired signals ampli- 
tude and phase variation across frequency. It is a much more reliable estimate than RSSI informa- 
tion, as it does not include the other impairments as part of the desired signal power. However, it 
is less reliable than SINR estimates, since it does not provide information about the noise and/or 
interference powers with respect to desired signals power. However, for white noise (like addi- 
tive white Gaussian noise [AWGN]), channel frequency response estimate can also provide an idea 
about CINR expected at each frequency bin. For wireless measurements, CFR provides information 
about the dispersion (selectivity) of the medium. For measurements where the receiver is connected 
to the DUT with cable, CFR can provide an idea about the filter responses used at the transceivers. 
CFR is also useful for measuring spectral flatness which is a mandatory measurement required by 
many standards. 


2.1.3 Measurements After Channel Decoding 


Channel quality measurements can also be based on postprocessing of the data (after demodulation 
and decoding). BER, symbol-error-rate (SER), FER, and cyclic redundancy check (CRC) are some 
of the examples of the measurements in this category. BER (or FER) is the ratio of the erroneous 
bits (or frames) relative to the total number of bits (or frames) received during the transmission. 
The CRC indicates the quality of a frame, which can be calculated using parity check bits through 
a known cyclic generator polynomial. FER can be obtained by averaging the CRC information 
over a number of frames. In order to calculate the BER, the receiver needs to know the actual 
transmitted bits, which is not possible in practice. Instead, BER can be calculated by comparing 
the bits before and after the decoder. Assuming that the decoder corrects the bit errors that appear 
before decoding, this difference can be related to BER. Note that the comparison makes sense only 
if the frame is error-free (good frame), which is obtained from the CRC information. Note that in 
testing the DUT with the standard defined data (specified by the standard), the BER calculation is 
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easy, as we know what is being transmitted, and we can compare it against what is received to get 
the BER performance. 

Although these estimates provide excellent signal quality measures, reliable estimates of these 
parameters require observations over a large number of frames. Especially, for low BER and FER 
measurements, extremely long transmission intervals will be needed. Therefore, for some applica- 
tions these measures might not be appropriate. Note also that these measurements provide infor- 
mation about the actual operating condition of the receiver. For example, for a given RSS or SINR 
measure, two different receivers which have different performances will have different BER or FER 
measurements. Therefore, BER and FER measurements also provide information on the receiver 
capability as well as the link quality. 


2.1.3.1 Relation of SNR with BER 

BER and SNR (or SINR or SINAD) are related under some situations. For example, when the 
noise is AWGN, then an analytical relation between SNR and BER can be derived. This rela- 
tion depends on the modulation type and order. In many practical impairment conditions an 
analytical relation might not be possible, but, a loose relation between BER and SNR (SINR) 
still exists. We often use simulations to find out this relation. For example, in the following 
Matlab code, the BER performance of a binary phase shift keying (BPSK) modulated signaling 
is observed under AWGN channel for various SNR values. In the same code, a simple tech- 
nique for calculating the SNR is also given. In obtaining the plots, these calculated SNR values 
are used instead of the desired valued. The corresponding performance curve is shown in 
Figure 2.2. 


1 
2 N=1le6; 

3 M=2; 

4 SNR=[0:10]; 

5 symb=(randn(1,N) > 0)*2-1; 

6 noise=(randn(1,N)+sqrt(-1)*randn(1,N))/sqrt(2); 
7  sgnl_P=mean(abs(symb) .*2); 

8 

9 


sgnl_N=mean (abs (noise) .*2); 
kk=1: length (SNR) 
10 noise_var=10*(-SNR(kk)/10) ; 
1 sgnl_rx=symb+noise*sqrt (noise_var) ; 
12 symb_dtct=sign(real(sgnl_rx)); 
13 BER (kk)=(length(find(symb ¢ symb_dtct)))/N; 


1s SNR_calculated=10*1l0g10(sgnl_P/sgn1l_N) +SNR; 
16 semilogy(SNR_calculated, BER) 

17 grid 

1g xlabel('<s 
19 =ylabel('B 


NR 


(dB) ') 
R') 


2.1.4 Error Vector Magnitude 


While BER and FER are useful as conceptual figure of merits, they suffer from a number of practical 
drawbacks that compromise their value as a standard test in manufacturing or maintenance [22]. 
Calculation of BER has limited diagnostic value. If the BER value measured exceeds accepted 
limits, it offers no clue regarding the probable cause or source of signal degradation. Similarly, over 
a measurement interval with finite number of bits (even if the number of bits tested is very large), 
having a zero BER does not mean the system is perfect. For measurements and testing devices, 
error vector magnitude (EVM) is a viable alternative test method when looking for a figure of 
merit in nonregenerative transmission links. EVM can offer insightful information on the various 


27 


28 


2 Performance Metrics and Measurements 


107! 


10-7 Fs: 


103 b: 


BER 


10 Fe 


10> F: 


SNR (dB) 


Figure 2.2 Relation with BER and SNR for BPSK modulation in AWGN noise. 


transmitter imperfections, including carrier leakage, in-phase and quadrature-phase (I/Q) 
(in-phase and quadrature phase) mismatch, nonlinearity, local oscillator (LO) phase noise, and 
frequency error [23]. Requirements on EVM is already part of most wireless communications 
standards such as the IEEE 802.11 standard [24] and the IEEE 802.16 standard [25]. EVM 
measurements and simulations can be found in [22, 26, 27]. The impact of I/Q imbalance, as well 
as LO phase noise on EVM is investigated in [28] and EVM as a function of these impairments is 
derived. This work has been expanded in [23], where the effects of carrier leakage, nonlinearity 
and LO frequency error on EVM are considered. EVM can be defined as the root-mean-square 
(RMS) value of the difference between a collection of measured symbols and ideal symbols [29]. 
The value of the EVM is averaged over typically a large number of symbols and it is often expressed 
as a percentage (%) or in dB. The EVM can be represented as [30], 


N 
1 2 
= D_|s,(k) — s,(k) 
va t | 


EVMegys = 3 
0 


, (2.6) 
where N is the number of symbols over which the value of EVM is measured, s,(k) is the normalized 
received kth symbol which is corrupted by Gaussian noise, s,(n) is the ideal/transmitted value of 
the kth symbol, and P, is either the maximum normalized ideal symbol power or the average power 
of all symbols for the chosen modulation. For the remainder of this chapter, the latter definition of 
P, is used. In such case, 
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il 2 
Py = — ) Sm”: (2.7) 


2.1 Signal Quality Measurements 


Magnitude error 
(IQ error magnitude) 


2 = 
o Received symbols 
Error vector 1.8F e True symbol 
Measured Y) , 7 
signal , 
144 
» 
a ° 
21.2 ° ° 
[7 a fo} 
2 
. 5 1 0 4° 
ot ° 
he 
3 i) 
~\ z 08 . 
‘ So ° 
(Ideal) reference signal 0.6+ 
04 
Phase error (IQ error phase) oe 
0 1 i | | 
I 2 -15  -l 05 1s 2 


In phase 


Figure 2.5 BPSK constellation plot that shows the ideal reference symbols and the actual received 
symbols. The vector difference between one of the received samples and the reference symbol is shown. 
The EVM values can be expressed in dB or as a percentage of the peak (or average) signal level. If the peak 
value is used, then, the corner state of the constellation diagram is used. For the average value, the average 
of all the constellation points is used. In BPSK (or quadrature phase shift keying [QPSK]) both average and 
peak values are the same. 


The EVM value is normalized with the average symbol energy to remove the dependency of EVM 
on the modulation order. In Eq. (2.6), s,(1) is the detected symbol and s,(n) could be either known to 
the receiver (data-aided) if pilots or preambles are used to measure the EVM, or estimated from the 
received samples (nondata-aided) if data symbols are used instead. The following code calculates 
EVM for a BPSK modulated signals. Also, in Figure 2.3, the constellation diagram of the true BPSK 
symbols and detected samples can be seen. The error vector between one of these received samples 
and the true symbol is also shown in this figure. 


1 
2 N=1le6; 

3 SNR=15; 

4 symb=(randn(1,N) > 0)*2-1; 

5 noise=(randn(1,N)+sqrt(-1)*randn(1,N))/sqrt (2); 
6 noise_var = 10*(-SNR/10) ; 

7 sgnl_rx=symb+noise*sqrt (noise_var) ; 

8 scatterplot (sgnl_rx) 

9 symb_dtct = sign(real(sgnl_rx))j; 

10 EVM = sqrt (mean(abs(sgnl_rx-symb_dtct).*2)); 

11. SNR = 10*1l0g10(1/EVM*2) ; 


Special cases of EVM, phase error (sometimes also referred as I/Q error phase), and magnitude 
error (or sometimes referred as I/Q error magnitude) are also used as a performance metrics. In 
phase error, the error difference between ideal (reference) and actual (received) phases is calculated 
and averaged. On the other hand, in magnitude error, the magnitude difference between the actual 
and ideal signals are calculated. We refer these as special case of EVM, because in EVM, the vector 
error (both phase and magnitude) are involved. 


2.1.4.1 Error-Vector-Time and Error-Vector-Frequency 
As discussed in the previous section, to get a reliable EVM measurement, the individual error vector 
magnitude values are averaged over a large number of symbols. Sometimes, the EVM values change 
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in time or over the frequency. Therefore, averaging EVM over both time and frequency might not 
provide the whole picture and misguide engineers. Therefore, there are two other popularly used 
EVM related measurements: error vector time (EVT) and error vector spectrum (EVS). Sometimes, 
we refer them as EVM versus time and EVM versus frequency. 

EVT shows the EVM variations over time. This would be very useful if there are short transient 
noise (or interference) in the received signal. Similarly, the channel adaptation errors (channel 
tracking errors), sample clock error, and frequency offset can be detected easily by measuring EVT. 
EVT can also be useful to estimate some of these linearly varying impairments. 

EVS provides the error vector magnitude variation over spectrum. Especially, this is a very impor- 
tant measurement for multicarrier modulation systems (like OFDM). Spectral flatness, narrow- 
band interference, colored noise can be extracted from EVS measurement. In OFDM systems, 
sample clock error can also be observed from EVS measurement. 

The above arguments on EVT and EVS can be expanded to other domains as well. For example, 
in multiple antenna systems, the EVM can be measured over multiple radio branches and EVM 
values can be obtained separately on each branch. Similarly, in adaptive beamforming and smart 
antenna system, EVM can be calculated with different beam formations, leading to a concept of 
EVM over angle (or error vector angle). Such measurements are not yet widely exploited in the 
literature, but, with the significant penetration of MIMO and smart antenna systems into the new 
generation of wireless standards, these measurements will also be gaining popularity. 


2.1.4.2 Relation of EVM with Other Metrics 

Relating EVM to other performance metrics such as SNR and BER is important [29, 31]. These rela- 
tions are quite useful since it allows the reuse of already available EVM measurements to infer more 
information regarding the communication system. Moreover, using EVM measurements could 
reduce the system complexity by getting rid of the need to have separate modules to estimate or 
measure other metrics. When relating EVM to SNR, one assumption that has been made is that the 
EVM is measured using known data sequences (e.g. preambles or pilots) or that the SNR is high 
enough that symbol errors are negligible [29, 31]. Furthermore, assuming the presence of one or 
two dominant imperfections, the remaining ones can be modeled as Gaussian noise [23, 28]. How- 
ever, the above analyses does not consider measuring EVM blindly for low SNR levels where symbol 
errors are possible. With new technologies for spectrum detection and utilization [32, 33], there is 
a need to detect signals at medium to very low SNR values. The signal quality metrics including 
EVM and SNR are possibly measured over unknown data sequences (nondata-aided) as well. 

For data-aided EVM calculations, Eq. (2.6) is reduced to, 


(2.8) 


where n(n) is the instantaneous vector error for a given symbol n. If the EVM is measured over 
large values of N, then [29, 31, 34], 


EVMgus ® 4] 5 Pe =4 laa (2.9) 


where N,/2 = o? is the noise power spectral density. 
The above EVM-SNR relation, however, only holds for data-aided receivers. For nondata-aided 
receivers, the transmitted symbols are estimated and those estimates are used to measure the EVM 
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value. Thus, for low SNR values, errors are made when estimating the transmitted symbols. The 
measured EVM value in this case is expected to be less than its actual value as the symbol estimator 
tends to assign received symbols to their closest possible constellation point. 


2.1.4.3. Rho 

In CDMA systems, Rho is one of the key modulation quality metrics. Rho is the ratio of the cor- 
related power in a multi coded channel to the total signal power. This measurement takes into 
account all possible impairments in the entire transmission chain. Rho provides the normalized 
correlation coefficient between the measured and ideal reference signals i.e. 


i 

P total ; 
where Py x is the correlated power of measured signal and ideal reference and P,,;q) is the total 
signal power. 

In other words, Rho indicates the fraction of the energy of the transmitter signal that correlates 
with the ideal reference signal. In the ideal situation (when there is only one active code), we obtain 
the maximum value of 1.0, which means the measured signal and reference signal are 100% iden- 
tical. When there are noise and impairments in the system, then depending on the level of these 
noise and impairments sources the Rho value decreases. The distribution of power among the code 
channels can also be obtained by measuring Rho for different active codes, leading to code domain 
power (which will be discussed in Chapter 3). The following simple code relates the SNR with 
Rho measurement for a specific CDMA code obtained from Hadamard matrix. The related Rho is 
plotted in Figure 2.4 with respect to SNR. 


we (2.10) 


1 
2 
3. hdmrd=hadamard(1024); 

4 sgnl_tx=hdmrd(518,:); 

5 noise=randn(1,length(sgnl_tx)); 

6 SNR=[-3 0 3 6 9 12 15 20 25 30 35]; 
7. 11=1:length (SNR) ; 

8 noise_var = 10*(-SNR(11)/10) ; 
9 


sgni_rx = sgnl_tx + sqrt(noise_var) *noise; 
10 sgnl_rx = sgnl_rx / sqrt (mean(abs(sgnl_rx).*2)) ; 
1 Rho(1l) = sum(sgnl_rx .* conj(sgnl_tx)) / sum(abs(sgnl_tx).*2); 


2.1.5 Measures After Speech or Video Decoding 


The speech and video quality, the delays on data reception, and network congestion are some of 
the parameters that are related to user’s perception. These measures are often related to the other 
measures mentioned in the previous sections. For example, speech quality for a given speech coder 
can be related to FER of a specific system under certain assumptions [35]. However, as discussed in 
[35], some frame errors cause more audible damage than others. Therefore, it is still desired to find 
ways to measure the speech quality more reliably (and timely), and to adapt the system parameters 
accordingly. Speech (or video) quality measures that takes the human perception of the speech (or 
video) into account would be highly desirable. 

Perceptual speech quality measurements have been studied in the past. Both subjective and 
objective measurements are available. Subjective measurements are obtained from a group of peo- 
ple who rate the quality of the speech after listening to the original and received speech. Then, a 
mean opinion score (MOS) is obtained from these feedbacks. Although these measurements reflect 
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Figure 2.4 The impact of noise in Rho measurement is illustrated for a code of length 1024. The code is 
generated using Hadamard matrix. 


the exact human perception that is desired for adaptation, they are not suitable for adaptation 
purposes as the measurements are not obtained in real-time. On the other hand, the objective mea- 
surements can be implemented at the receiver in real-time. However, these measurements require 
sample of the original speech at the receiver to compare the received voice with the undistorted 
original voice. Therefore, they are not applicable for many scenarios as well. 


2.2 Visual Inspections and Useful Plots 


In addition to various measurements to identify the quality of the signal, visual graphs are also very 
useful to get insight on impairments and other disturbances impacting the signal. For example, the 
points on a constellation diagram represent the modulated symbols. Constellation diagram (some- 
times also referred as scatterplot) can be obtained by plotting the imaginary versus the real part 
of the complex signal. Received noisy (and possibly impaired) samples representing several sym- 
bols can be visualized as scatter diagram. With constellation diagram, it is very easy to see the 
I/Q impairments (like I/Q gain imbalance, I/Q quadrature error, I/Q offset), impact of noise and 
interference in the constellation points, effect of compression due to nonlinear devices, effect of 
phase noise, frequency offset, etc. When the system is working perfectly (ideal case), the constella- 
tion diagram shows the received samples at the exact position of the symbol alphabets. When the 
noise is introduced to the system, then the received samples form a cloud around the actual symbol 
alphabets. The size of cloud increases as the SNR decreases as shown in Figure 2.5. 

Note that the constellation diagram is obtained at the symbol times (one sample per symbol). 
Polar diagram (or often referred as vector diagram) shows the signal trajectory (transition of signal 


2.2 Visual Inspections and Useful Plots 


SNR = 100 dB SNR =25 dB 
4 : 

fe) fe) Oo ro ) oe 
2 

re) fe) Oo eo co] 
0 

fe) fe) O ce] ° 
=) 

fe) fe) re) oe @ 
-4 
-4 -2 0 

SNR = 10 dB 

re ¥ 3 
2|° ae 
| Ge > 
"|e, Se 
=4 : 
-4 5) 0 2 4 


Figure 2.5 Impact of the noise on the constellation diagram. 


from one state to the other). The values are shown not only at the symbol times but also during the 
transition from one symbol to another. You can see the effect of filters, modulation, channel, and 
effect of compression using the vector diagram. 

Eye diagram, which displays a number of superimposed data patterns that resemble an eye, is 
another excellent visualization technique for digital communication systems. Intersymbol interfer- 
ence, sample clock error, and sample phase errors can be identified easily by using eye diagrams. A 
wide-open eye pattern corresponds to minimal signal disturbance. Optimum sampling time is the 
time at which the eye opening is the largest. The width of the eye provides information about toler- 
ance to jitter (i.e. it provides information on the time interval over which the received signal can be 
sampled without error from noise and inter symbol interference). The height of the eye gives infor- 
mation about tolerance to additive noise. Effect of pulse shaping and channel characteristics on a 
digital modulation scheme can be studied by the use of eye patterns. Similarly, eye diagram allows 
visual inspection of the impact of impairments and how the samples are positioned with respect to 
the decision boundary, and hence providing the vulnerability of the samples to symbol errors. 

Eye patterns can be obtained by wrapping the signal back onto itself in periodic time intervals and 
by retaining all traces. For a fixed time window equal to the symbol period, the I or Q component 
values are superimposed on top of one another to give the characteristic of an eye (see Figure 2.6). In 
binary modulation formats, there will be a single eye formation. When the order of the modulation 
increases, the number of eyes stacked vertically will also increase depending on the modulation 
and constellation shape. For example, in QPSK, we still have a single eye, but, one eye for real part 
of the signal and another eye for the imaginary part of the signal (i.e. we plot real and imaginary 
parts of the signal in separate eye diagrams). For rectangular shaped 16-state quadrature amplitude 
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modulation (16-QAM) modulation, there will be 3 eyes stacked vertically on the top of each other. 
In general, the number of eyes stacked vertically on the top of each other depends on the number 
of distinct I and Q values in the constellation diagram. If there are N points in the I-axis (or Q-axis), 
then, there will be N — 1 eyes stacked vertically on the eye diagram of the real (or imaginary) part 
of the signal (see Figure 2.7). 
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Figure 2.7 Eye diagram of 16-QAM with a popular rectangular constellation and an arbitrary (not 
optimized) circular constellation. 


Following Matlab code provides examples for the above visual plots, and in Figure 2.8, the cor- 


responding plots can be seen for a QPSK modulation. 


+ Obss 1 ¥LoUS 1 
N=1e3; 

sps=8; % oversar per symbol) 
fltr=rcosine(1,sps, 'r ine filter 


M=4; modulation order 
symb=qammod (floor (rand(1,N)*M),M); 
u_frame=upsample(symb, sps) 


1 
2 

3 

4 amy 
5 fltr_rolloff=0.3; 
6 

7 

8 

9 , 

10 sgnl_tx = conv(fltr,u_frame); <@ jf 


ur 


12 SNR=25; % desired SNR in dB 
23 ©noise=(randn(1,N)+sqrt(-1)*randn(1,N))/sqrt(2); 
144 noise_var = 10*(-SNR/10) ; desired variance 


15 sgnl_rx=symb+noise*sqrt (noise_var); no 


17. subplot (2,2,1) 

is plot(real(symb),imag(symb),'*') 

i title('(a) Constellation Diagram') 
20 subplot (2,2,2) 

21 plot (real(sgnl_tx),imag(sgnl_tx) ) 


22 title('(b) Vector Diagram') 

2 subplot (2,2,3) 

24 x=vec2mat (sgnl_tx(100: -100),sps*2); 
25 plot(real(x(1: say rac )) 


2 title('(c) Eye Diagram') 

27. subplot (2,2,4) 

28 plot (real(sgnl_rx),imag(sgnl_rx),'*') 
29 title('(d) Scatter Plot") 
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(c) (d) 


Figure 2.8 Constellation, vector and eye diagrams for QPSK modulation. (a) Constellation diagram. (b) 
Vector diagram. (c) Eye diagram. (d) Scatter plot. 


In the following code, the visualization of several impairments using constellation diagrams is 
shown. The corresponding plots are given in Figure 2.9. 


- some RF impairments with co 


llation diagrams 


1 

2 SNR and other impairments 
3 amples 

4 M=4; % modulation order 

5 symb= qammod(floor(rand(1,N)*M),M); % OAM modulation 
6 

7 

8 

9 


SNR=30; % desired SNR in dB 
noise=(randn(1,N)+sqrt (-1)*randn(1,N))/sqrt(2); 
noise_var = 10*(-SNR/10) ; 

10 symb=symb+noise*sqrt (noise_var); % no 

11 I_gain=1;Q_gain=0.5; % IQ gain imbala s 

122. symb_g_imb = I_gain*real(symb) + j*imag(symb)*Q_gain ; 

13. subplot (2,2,1) 

144 plot (real(symb_g_imb),imag(symb_g_imb),'*') 

i title('(a) I/Q gain imbalance') 

ie I_o=0.1;Q_o0=-0.15; % DC offset 

17. symb_DC_of = real(symb) + j*imag(symb)+I_o+j*Q_o; 

1s subplot (2,2,2) 

19 plot (real(symb_DC_of),imag(symb_DC_of),'*') 

20 title('(b) I/Q offset') 

21 po=pi/10; % phase offset 

22 symb_ph_o = symb*exp(j*po) ; 

23 subplot (2,2,3) 

2 «plot (real(symb_ph_o),imag(symb_ph_o),'*') 

2 title('(b) Phase offset") 

20 fo=1/4000; % frequen offset 

27. symb_fo = symb.*exp(j*pi*[1:length(symb) ]*fo); 

28 subplot (2,2, 4) 

29 plot (real(symb_fo),imag(symb_fo),'*') 

30 title('(b) Frequency offset') 


addition 
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Figure 2.9 Effect of various impairments on the constellation diagram. (a) |Q gain imbalance. (b) IQ offset. 
(c) Phase offset. (d) Frequency offset. 


In the following code, the visualization of intersymbol interference, sample clock error, and 
frequency offset is shown using eye diagrams. The corresponding plots are given in Figure 2.10. 


N=1le3; 1 


if 
2 

3 

4 sps=8; 

5 fill=rcosine(1,sps, 'normal',0.3); 

6 f£i12=rcosine(1,sps,'sqrt',0.3); 

7 M=4; 

8 symb= gqammod(floor(rand(1,N)*M),M); 
9 u_frame=upsample(symb, sps); 


10 =sgnl_txl = conv(fill,u_frame) ; 

ll sgnl_tx2 = conv(fil2,u_frame) ; 

12 

13 subplot (2,2,1) 

144. x=vec2mat (sgnl_tx1(100 -100),sps*2)j; 

15 plot(real(x(1: -1,:).")) 

16 «title('(a) Using Nyquist Filter (raised Cosine) ') 
17. subplot (2,2,2) 

18 =x=vec2mat (sgnl_tx2(100 -100),sps*2)j; 

19 plot(real(x(1: 1 28a) 

20 title('(b) Using non-Nyquist Filter (root-raised cosine) ') 
21. subplot (2,2,3) 

22 sgnl_txl_ce=resample(sgnl_tx1,10000,10003); 

23 x=vec2mat (sgnl_txl_ce(100: -100),sps*2); 

24 plot(real(x(1: HL yah) 

25 title('(c) With 300ppm clock error') 

26 subplot (2,2, 4) 

27, sgnl_txl_fo = sgnl_txl.*exp(j*pi*[1:length(sgnl_tx1)]*1/8000); 
28 +x=vec2mat (sgnl_tx1_fo(100: -100),sps*2); 

29 plot(real(x(1: -1,:).")) 

30 title('(d) With Frequency offset") 
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Also, the effects of filter roll-off and noise on the eye diagrams are shown in Figures 2.11 and 2.12, 
respectively. 
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Figure 2.10 Effect of impairments on the eye diagrams. (a) Using Nyquist Filter (raised cosine). (b) Using 
non-Nyquist Filter (root-raised cosine). (c) With 300 ppm clock error. (d) With frequency offset. 
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Figure 2.11 Effect of filter roll-off on eye diagram. (a) Roll-off = 0.1. (b) Roll-off = 0.8. 
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Figure 2.12 Effect of noise on eye diagram. (a) SNR = 100 dB. (b) SNR = 25 dB. (c) SNR = 10 dB. 
(d) SNR = 3 dB. 


sgnl_rx = symb + (randn(1,N) +j*randn(1,N))*0.5; 
[n,x,y] = hist2d(real(sgnl_rx),imag(sgnl_rx),100); 
subplot (2,2,1) 
plot (real (sgnl_rx),imag(sgnl_rx),'*') 

wo title('(a) Scatter plot') 


1 
2 
3 
4 
5 symb= gqammod(floor(rand(1,N)*M),M); 
6 
7 
8 
) 


ll subplot (2,2,2) 

122 imagesc(x(1,:),-y(:,1),n);colorbar 

133 title('(b) Scatter plot with color code') 
14 subplot (2,2,3) 

1s mesh(x(1,:),-y(:,1),n); 

16 title('(c) 3-D Mesh') 


17 subplot (2,2, 4) 
1 Contours (x(1,e),-yit, 1) mF 
yg title('(d) 3-D Contour') 


2.2.1 Advanced Scatter Plot 


In the conventional constellation diagram, the signal is shown as a two-dimensional (2-D) scatter 
diagram in the complex plane. When the number of samples in this 2-D plane increases, it is hard 
to visualize the weight of samples in each point. Especially, for low SNR values, the plane will be 
completely filled with a lot of points making it very difficult to diagnose the impairment source and 
statistics. In order to see the weight in each point, a three-dimensional (3-D) plot would be useful. 
The following code provides how to obtain the 3-D scatter plot from the noisy received signals. 
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Figure 2.13 3-D visualizations of scatter plots. (a) Scatter plot. (b) Scatter plot with color code. (c) 3-D 
mesh. (d) 3-D contour. 


Figure 2.13 shows the same samples in various plots. In Figure 2.13a, the regular 2-D scatter plot 
is shown. As can be seen, it is difficult to extract the statistics of the noise and the center of the 
constellations in 2-D plot. In Figure 2.13b-d, 3-D plots are shown. When they are printed in colored, 
these figures provide excellent visualization about the statistics of the noise. 


2.3. Cognitive Radio and SDR Measurements 


Software-defined radio (SDR) is envisioned to be a promising solution for interoperability, global 
seamless connectivity, multistandard, and multimode issues. SDR represents a very flexible and 
generic radio platform which is capable of operating with many different bandwidths over a wide 
range of frequencies and various different modulation and waveform formats. With SDR, the func- 
tionality of wireless devices is increased and they become more and more sophisticated. 

Even though there is no consensus on the formal definition of cognitive radio (CR) as of now, the 
concept has evolved recently to include various meanings in several contexts. One main aspect of 
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it is related to autonomously exploiting locally unused spectrum to provide new paths to spectrum 
access. Other aspects include interoperability across several networks; roaming across borders 
while being able to stay in compliance with local regulations; adapting the system, transmission, 
and reception parameters without user intervention; and having the ability to understand and 
follow actions and choices taken by their users, and learn to become more responsive over 
time. One of the most important elements of the CR concept is the ability to measure, sense, 
learn, and be aware of parameters related to the radio channel characteristics, availability of 
spectrum and power, interference and noise temperature, radio’s operational environments, user 
requirements and applications, available networks (infrastructures) and nodes, local policies 
and other operating restrictions, etc. Since these parameters might change over time and over 
multitude of other dimensions, the radios need to be equipped with the proper mechanism to react 
these changes. 

SDR and CR bring new challenges and opportunities to the test and measurement world. The 
testing, measuring, and verification of SDR capable devices is challenging not only in hardware 
(requiring wideband signal analysis and generation capabilities as well as high-speed ADC/DAC 
and fast processing capabilities), but also in software (requiring additional test vectors, perfor- 
mance metrics, user interface, etc.). The next-generation tools should have the ability to process 
wide variety of waveforms while being equipped with autonomous synchronization and detection 
capabilities. Especially, blind identification of the waveform parameters, modulation formats, and 
synchronization parameters is important. In addition, understanding the transient behaviors of 
the transmitted signals is crucial. The measurement devices should also have cognition capabili- 
ties which can enable the device to evaluate the ability of the radio being tested (device under test, 
or DUT) to react to the various factors. 

Testing and measuring SDR/CR is a very difficult process, which requires many supporting 
functions, including advanced triggering mechanisms between the generator and analyzer. Signal 
intelligence and generic signal analysis (using blind estimation and detection techniques) could 
be extremely important for testing SDR transmitter, especially in doing government regulation, 
observing an operating network, qualification of a product, and to some extent R&D verification. 
Since SDR transmitters will be capable of transmitting various types of waveforms and will have 
the ability to change operating parameters (including modulation, bandwidth, frequency, power, 
time/frequency hopping pattern, etc.) during the transmission, the transient analysis capability 
is critical to be able to observe RF glitches, transients, and other short term abnormalities. 
Generic multiantenna and multidimensional (time/frequency/space/angle/code) signal analysis 
capability will be beneficial for providing detailed information about the transmitted signal. 
The SDR testing and measurement capability also requires new metrics to accurately evaluate 
the performance of the transceivers. In addition to the new metrics, advanced visualization of 
these metrics along with proper user interface and user control mechanisms is needed. Finally, it 
will be very useful if the SDR measurement analysis tool has the ability to demodulate multiple 
signals simultaneously (multiuser detection) and separate interference from desired signal. 
Multisignal separation and extraction of a signal of interest from multidimensional signal space 
helps to analyze each signal separately without the effect of other signals. This requires advanced 
windowing/filtering/correlation techniques. 

In signal generation side, generic signal synthesis capability is critical. This should also include 
the ability to provide various transient behaviors and ability to change the waveform parameters 
during transmission. Additionally, it will be useful for the signal generator to be able to emulate var- 
ious interference sources (co-channel, adjacent channel, narrowband, impulsive, etc.) and incor- 
porate these into the signal of interest. Emulating various impairments (I/Q impairments, noise, 


41 


42 


2 Performance Metrics and Measurements 


frequency offset, sample time offset, etc.), and generation of multipath channel and incorporation 
of the channel into the signal are also critical to test and measure the behavior of the SDR system 
or component under various conditions. 

In opportunistic spectrum usage concept of CR, spectrum sensing is a critical function. It is 
important that CR, sense the spectrum availability and spectrum occupancy accurately. Inability 
to perform the spectrum sensing properly leads to misdetection error and/or false alarm. There- 
fore, when testing the performance of a CR, these quantities need to be measured and methods 
to evaluate the cognitive radios performance need to be developed. Probability of false alarm and 
probability of misdetection rate as a function of the number of observed symbols, SNR, number 
of signals present (primary and secondary), level of cooperation (if a cooperative measurement is 
done with a number of CR devices) need to be measured accurately. 

In addition to the items discussed above, we also need to develop techniques for quantifying the 
impact of the use of CR in the primary network. Further research is needed in this area to answer 
questions like the following: What kind of impact can a CR cause to the primary network and 
users? What types of measurements need to be developed to measure and quantify this impact in 
the primary users? Would the classical performance metrics be sufficient to identify the impact or 
do we need additional metrics? 


2.4 Other Measurements 


Wireless communication has evolved over the last four decades from voice-centric applications 
to wide variety of services. These different application classes have different requirements from a 
system design perspective, hence, wireless systems face several challenges, from increasing spec- 
trum demand, to security threats, requiring novel and scalable solutions. One of the most critical 
challenge that wireless radio researchers are facing is the design of a flexible and adaptable com- 
munication system in every layer of the communication protocol stack. Even though at this time 
future 6G technologies look like an extension of their 5G counterparts, new user requirements, 
completely new applications/use-cases, and new networking trends of 2030 and beyond may 
bring more challenging communication engineering problems, which necessitate more flexible 
and cognitive communication paradigms in different layers, but particularly in the physical layer 
of future wireless systems. While wireless communication systems have enjoyed this enormous 
growth, another major phenomenon has gained significant interest, which is referred to as radio 
environment mapping (REM). Radio environment (RE) involves any radio and network-related 
parameter that might impact the operation of radio and network including radio spectrum, radio 
channel, power, angle of transmitter/receiver, interference, user location, mobility (individual 
and group), available networks and devices, user context (profile), RF front-end properties and 
impairments. Even though the estimation of some of these parameters, like speed, distance, and 
angle goes all the way back to the days of World Wars, and several techniques have been developed 
among radar signal processing community, the concept of REM is very recent and involves much 
more than what the radar literature presents. There remain essential challenges toward the 
development of this new REM framework complemented by new sets of critical sensing functions 
and mechanisms related to the complex, crowded, and multidimensional wireless environment. 
Developing novel and efficient algorithms to estimate important REM functions that are normally 
weak in a very convoluted and heterogeneous environment often requires techniques where the 
classical model-based approaches fails, leading to novel machine learning techniques to be used 
along with the basic domain knowledge. 


24 Other Measurements 


Looking at the evolution of wireless communication technologies in time, one thing that can 
clearly be seen is that every new standard became more adaptive and more capable than the previ- 
ous one. The adaptation is enabled by more awareness and measurements, and hence, the number 
of parameters that are measured and learned has increased significantly. Long term evolution (LTE) 
and 5G cellular standards already offer a wide variety of measurement capabilities utilizing a set 
of reference signals related to the signal strength, flexible frequency-dependent channel quality 
measurement, channel state information, interference measurements, etc. Also, there are mea- 
surements related to the operation of multiple antenna systems and beam-forming. Some of these 
measurements can be listed as: 


e Channel state information (CSI) 

e Channel quality indicator (CQI) 

e Reference signal received power (RSRP) 
e Reference signal received quality (RSRQ) 
e RSSI 

e CSI-IM (interference measurement) 

e Rank indicator (RI) 

e Precoding matrix indicator (PMI) 

e Precoding type indicator (PTI) 


These measurements are computed on the fly in LTE and 5G systems and used to optimize 
resource allocation among the various user equipments (UEs) that are requesting service. They 
can be used for link adaptation, adaptive scheduling the resources to the users, interference coor- 
dination, MIMO and beamforming, and user-cell association. 

CSI is a kind of collective name of several different types of indicators that UE report. CQI is 
related to SINR. CQI value can be used to adapt the modulation and coding order. The frequency 
domain resolution in the CQI report can be varied. In addition to the wideband CQI, where the 
quality of the entire channel bandwidth is measured and averaged, there are different subband 
CQIs, each of which indicates the average transmission quality for a specific frequency subrange. 
As mentioned above, the CQI index reported to the BS by the UE is derived from the channel 
quality of the downlink signal (somewhat related to SINR). However, in contrast to the previous 
generations of mobile radio systems, the LTE CQI index is not directly associated with the measured 
SNR. Instead, it is also influenced by the signal processing in the UE. With the same channel, a 
UE featuring a powerful signal processing algorithm is able to forward a higher CQI index to the 
BS than a UE that has a weak algorithm. The precoding matrix determines how the individual 
data streams (called layers in LTE) are mapped to the antennas. Proper selection of the precoder 
maximizes the capacity. However, this requires knowledge of the channel quality for each antenna 
in the downlink, which the UE can determine through measurements. If the UE knows what the 
allowed precoding matrices are, it can send a PMI report to the BS and suggest a suitable matrix. The 
channel rank indicates the number of layers and the number of different signal streams transmitted 
in the downlink. The goal of an optimized RI is to maximize the channel capacity across the entire 
available downlink bandwidth by taking advantage of each full channel rank. CSI-IM measurement 
is used to obtain interference measurement from neighboring base stations. 

RSSI is the linear average of the total received power observed only in symbols carrying 
reference symbols by UE from all sources, including co-channel nonserving and serving cells, 
adjacent channel interference and thermal noise, within the measurement bandwidth. RSRP 
and RSRQ are key measures of signal level and quality for modern LTE networks. In cellular 
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networks, when a mobile device moves from cell to cell and performs cell selection/reselection 
and handover, it has to measure the signal strength/quality of the neighbor cells. In the procedure 
of handover, the LTE specification provides the flexibility of using RSRP, RSRQ, or both. RSRP 
is a cell-specific signal strength-related metric that is used as an input for cell reselection and 
handover decisions. For a particular cell, RSRP is defined as the average power (in Watts) of the 
resource elements (REs) that carry cell-specific reference signals (RSs) within the considered 
bandwidth. RSRP measurement, normally expressed in dBm, is utilized mainly to make ranking 
among different candidate cells in accordance with their signal strength. RSRQ measurement 
is a cell-specific signal quality metric. Similar to the RSRP measurement, this metric is used 
mainly to provide ranking among different candidate cells in accordance with their signal quality. 
This metric can be employed as an input in making cell reselection and handover decisions in 
scenarios (for example) in which the RSRP measurements are not sufficient to make reliable cell 
reselection/handover decisions. 

It is expected that 6G will further bring new measurement and REM capabilities to the wireless 
world. It is expected that the REM concept will grow in the future, therefore, a separate chapter of 
this book is dedicated toward describing REM and radar measurement techniques in detail. In this 
chapter, without going into the details, some potential estimates that can be useful for adjusting 
the radio functionalities can be listed as: 


Dominant versus nondominant interference 

Location or direction of interference 

Time and frequency variation of channel 

Sparseness of the channel 

Sparse channel modeling and estimation 

Angular spread, delay spread, and Doppler spread of the channel 
Blockage estimation 

Mobility estimation (individual and group mobility) 
Line-of-sight (LOS) and non LOS (NLOS) estimation 


Time scales of the measurements and system adaptation based on these measurements depend 
on several factors. Very short term time scales are those measurements that needs to be employed 
frequently, on the order of microsecond intervals. For example, multipath fading parameters, 
scheduling related measurements, CQI measurements, and other link adaptation-related mea- 
surements should be performed frequently, especially for fast varying channels. The measurement 
with Short term time scales do not need to be done as frequently. Examples for these measurements 
can be beamforming, tilt adaptation, user-cell association, blockage and shadowing compensation, 
path loss compensation (range extension)-related measurements. In Long term time scales, the 
measurements are done in longer terms like in the order of hours. A good examples for these would 
be base station ON and OFF mode, energy saving modes, low mobility user adjustment-related 
measurements. 


2.5 Clarifying dB and dBm 


In wireless communications, the signal power differences between what is transmitted and what is 
received could be significantly large. For example, a 1 W transmitter power can be received at the 
receiver with 0.000 000 001 W. Dealing with the linear values and interpreting them under various 
operations (especially multiplication and division) might be difficult. Therefore, use of logarithmic 
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scale is useful when dealing with numbers that have a large range. The bel (B), which is named 
after the inventor of the telephone (Alexander Graham Bell), is the base 10 logarithm (log,,) of the 
ratio of two power levels and it is a unitless measurement. When the bel value (log,,) is multiplied 
with 10 (where the term deci comes from), then we obtain the decibel (dB), i.e. 10log,)() dB. While 
dB is used to express the ratio of two values, the unit dBm (dB relative to a milliwatt) denotes an 
absolute power level measured in decibels and referenced to 1 milliwatt (mW). For example, when 
we want to express the SNR in logarithmic scale, we use X = 10log,)(S/N) dB, or say the SNR value 
is X dB. On the other hand, if we want to express the absolute transmit power of let’s say 1 W, we 
say 30 dBm; (10log,,(1/0.001) dBm). 

When expressing voltage ratios, we use 20log,,)() (20 instead of 10), because the power level is pro- 
portional to the square of the voltage level (and squaring is equivalent to doubling the logarithm). If 
we have two power values P, and P,, the power ratios is 10log,.(P,/P,) dB. If we re-write the power 
values in terms of voltages and resistance, P, = V;/R, and P, = V}/R,, the power ratios can be 
re-written as 10log,)((V;R») / (VR,)) dB. When the resistance values are the same (R, = R,), then, 
the result will be 10log,,(V?/ Ve) dB, or alternatively 20log,)(V,/V;) dB, which clearly explains the 
reason why 20 is used instead of 10 for voltage ratios. 


2.6 Conclusions 


Evaluation of the performance of communication offline and during real-time operation (online) 
is important. During offline testing, various measurements can provide insights about the perfor- 
mance of the system. These measurements are critical for the development phase of the systems. 
Test equipment are often used with such measurement capabilities during this phase. Online mea- 
surements are often used during the real-time operation for system adaptation. These online mea- 
surement are extremely important for robust and flexible system designs. CRs and networks depend 
heavily on these online measurements. Recently, the wireless standards are becoming more and 
more cognitive which provides a lot of flexibility in the operations of the systems in different layers 
of the protocol stacks. As a result, many new measurement techniques are introduced in recent 
standards. It is expected that the future standards will even have more things to measure about the 
quality of the channel, system, and networks. 
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The human brain can perceive and analyze stimuli utilizing different organs. The multitude of 
sensory system, which is based on the sensory organs that include eyes, ears, skin, inner ear, nose, 
and mouth, has the capability of perceiving different features of the stimuli. As a result, in some 
stimuli, we use one organ to sense a feature that the others cannot, for some other stimuli our 
brain collects data through multiple organs. Similarly, wireless signals have features in different 
dimensions (like time, frequency, space, angle, code, modulation, etc.). Some of these features are 
very easy to sense (extract) in one dimension compared to others. This chapter discusses signal 
characteristics in multiple domains, leading to the concept of multidimensional signal analysis. 
Multidimensional signal analysis is very important to understand the challenges and trade-offs 
introduced by emerging wireless technologies. Learning multidimensional signal analysis helps 
trainees to grasp difficult wireless concepts in a laboratory environment. Understanding the mul- 
tidimensional signal analysis is not only useful for better understanding the signals but also devel- 
oping advanced receiver algorithms like synchronization, channel estimation, radio environment 
parameter estimation, blind signal analysis and reception. As a result, this chapter is relevant to 
almost all other chapters in this book. 


3.1 Why Multiple Dimensions in a Radio Signal? 


Signal analysis measurements are not directly related to the performance of a waveform. Instead, 
these measurements provide in-depth information about the statistics and characteristics of a sig- 
nal. In blind signal detection, cognitive radio, adaptive system design, test and measurement, and 
for many other reasons signal analysis measurements are very useful. For example, in cognitive 
radio, signal analysis measurements can be used to enable the spectrum awareness, interference 
and primary user awareness, radio channel awareness, modulation and waveform awareness. 
By analyzing various dimensions of the received signal using advanced digital signal-processing 
techniques, information about the transmitted signal, operating radio channel medium, environ- 
mental conditions can be obtained, which are then used for improving the communication quality 
through adaptation of radio and network parameters. Similarly, in blind receiver design, signal 
analysis measurements allow the receiver to synchronize and demodulate the transmitted signal 
reliably, even if the transmitter does not send any known (training) bits to the receiver. In public 
safety and military applications, the signal analysis can be used to extract information regarding 
the location (or direction) of the signal that is received. Also, signal analysis along with software 
defined radio (SDR) can help to solve the interoperability issues in public safety radio systems. 
Last but not the least, signal analysis is a critical element for the test and measurement world. 
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The received signal can be analyzed and diagnosed to identify issues and impairments related to the 
signal. 

Multidimensional signal analysis, in this chapter, is referred for analyzing the received radio 
signal from multiple dimensions jointly or separately as shown in Figures 3.1 and 3.2. The process 
involves multidimensional waveform awareness, signal extraction from this multidimensional 
signal space, and advanced signal analysis. For example, in Figure 3.2, a block diagram of joint 
time-frequency, two-dimensional (2-D), analysis process is shown. In this specific example, the 
first goal is to take the time samples (a mono-dimensional vector signal that is captured in time) 
and obtain a two-dimensional time-frequency representation of the signal. Time and frequency 
domain constitute two different ways of representing a signal. Some features of the signal are 
easier to represent in one domain while others are easier in the other. Traditional oscilloscopes and 
spectrum analyzers are capable of providing only single dimensional representation. However, 
wireless signals have multidimensional attributes with nonstationary characteristics over the 
transmission period and it is very difficult to provide detailed analysis using a single dimensional 
approach. 

The time-frequency representation needs to be expanded to other dimensions. These other 
dimensions may include code domain, like code domain power used in code division multiple 
access (CDMA) measurements, angle domain (to provide direction of arrival, angular spread), 
waveform domain (to provide information about the type of signaling), polarization domain, etc. 
For instance, CDMA is a spread spectrum technology which employs a special coding scheme 
for multiple accessing. Therefore, analysis of the CDMA signals in code domain can provide 
very valuable information which cannot be extracted from other domains. Code domain power 
analysis provides the signal power projected on a code-space normalized to the total signal power. 
This is useful for composite signal analysis. The analyzed coded waveform is correlated with 
different codes to determine the correlation coefficients for each code. Once different channels 
are separated, the power in each code channel is determined. Similar techniques need to be 


Received Multidimensional Signal intelligence 
signal signal analysis extraction/analysis 


Figure 3.1 A simplified block diagram of multidimensional signal analysis. Joint time-frequency 
representation (TFR), code, space and dimensions can be employed in multidimensional signal analysis 
block. 


3.1 Why Multiple Dimensions in a Radio Signal? 
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Figure 3.2 Use of joint time-frequency analysis to enable a better understanding of the signals and to 
allow further blind processing of the received signal. 


investigated in other domains as well. The challenge is to represent all these dimensions jointly 
and to develop algorithms to optimally extract features in all these dimensions. 

Once an accurate representation of the signal is obtained in multiple dimensions (2-D in the case 
of the example given in Figure 3.2), the next step is to be able to extract the desired information 
from this complex plane. It is very difficult to analyze the multidimensional signal. However, by 
extracting part of this signal (for example, the short transient part in time, or a part of desired 
frequency), a detailed analysis can be performed. Signal (or feature) extraction requires accurate 
windowing/filtering in multiple domains. In addition, advanced triggering and/or advanced user 
interfaces are also required to be able to extract the desired features of the signal. 

The final stage is the analysis of the extracted signal. This includes processing the extracted data 
and providing accurate test and measurement results as well as statistics about the signal of interest. 
Blind modulation analysis is one example that can be employed within this stage. 

In addition to the conventional measurements and analysis tools (like error vector magni- 
tude, in-phase and quadrature-phase [I/Q] measurements, power versus time, power spectrum, 
frequency offset, sample timing offset, Rho) that provide information about the device under 
test (DUT), new generations of wireless systems will bring about new performance metrics 
and analysis options. Not only metrics or tools that can provide generic test and measurement 
capabilities, but also metrics that are unique for specific waveforms need to be developed. Given 
the vast number of possible waveforms in the future transceivers, providing all sorts of metrics and 
measures is quite challenging. In addition to the measurements that we discussed in Chapter 2, 
additional metrics and analysis tools need to be extracted from multidimensional signal space. 
Some of these measurements can be given as: 


e Cross-coupling/cross-talk (among radio frequency [RF] components and high-speed digital 
components) 

e Analog-to-digital converter (ADC) and digital-to-analog converter (DAC) impairments 

e Predistortion/linearization impairments 

e Time/frequency/space/angle statistics of interference and signal (like minimum bandwidth, 
maximum bandwidth, spectral occupancy rate, etc.) 

e Cyclostationarity analysis 

e Generic code domain analysis 


51 


52 


3 Multidimensional Signal Analysis 


e Waveform identification (whether the signal is multicarrier signal or single carrier signal; 
frequency hopping signal or not; spread spectrum signal or not) 

Automodulation detection 

Signal activity detection 

Direction of arrival (DoA)/angle of arrival (AoA) detection 

Protocol analysis 

Multiple antenna and multiple-input multiple-output (MIMO) measurements 

Interference awareness 

Advanced modulation domain analysis 

Transient behavior measures, like spectral re-growth during transient 

Power statistics, like peak power, average power, complementary cumulative distribution func- 
tion (CCDF), peak-to-average power ratio (PAPR), average burst width 


3.2 Time Domain Analysis 


Time domain is the first step to the other domains. Many of the signal characteristics can be revealed 
from its time series. For instance, signal power (received signal strength), CCDF, eye diagram, 
pulse repetition intervals, on-time, off-time, duty cycle, peak power, average power, time interval 
(windowed) power, PAPR, signal-to-noise ratio (SNR), burst length, burst start, burst end, time 
selectivity (rate of change of time signal), and error vector magnitude (EVM) versus time are some 
of the signal attributes which can be extracted by time domain analysis. Energy detection, autore- 
gressive modeling ofa signal, and correlation techniques can also be performed in the time domain. 
Time domain analysis not only provides information about the temporal attributes of the signal, 
but also helps the receiver to synchronize (frame, symbol, and sample timing synchronization) to 
the received signal for detailed modulation analysis. Many of the blind and training-based receiver 
algorithms benefit from the time domain analysis directly or indirectly. In Figure 3.3, a time sig- 
nal can be seen where a bursty signal along with background noise (with SNR value of 25 dB) and 
impulse noise (with 10 dB above the signal power level) is plotted. Burst start and burst end posi- 
tions can be easily seen from the time domain analysis. By detecting the power ramp up and down 
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Figure 3.3. Time domain signal. 


3.2 Time Domain Analysis 


regions, the burst start and end positions can also be calculated in algorithmic level, providing a 
very easy coarse synchronization tool for the data burst of the received signal. 


3.2.1 CCDF and PAPR 


PAPR is the ratio of the peak power of a signal over a period of time samples to the average power 
level that occurs over the same time period: 


Preak 
PAPR = 10log,, ( ) : (3.1) 


average 

On the other hand, CCDF is a statistical measure that characterizes the power statistics of a 
modulated signal. It represents the statistical probability of occurrence of signal peaks that are 
greater by a factor K in dB than the average value. It also represents the percentage amount of time 
that the signal power is above some value (for example, we can say the signal power level that is 
6 dB above the average power value for 9% of the time, or alternatively, we can say the signal power 
exceeds the average by at least 6 dB for 9% of the time). Obtaining CCDF is quite simple. When we 
have the discrete data samples over a large period of time, we can calculate the discrete probability 
density function (PDF) which can be obtained using histogram function in Matlab. From the 
PDF discrete cumulative distribution function (CDF) can be obtained by employing cumulative 
sum (cumsum in Matlab). The CCDF is the complement of the CDF which can be obtained 
as CCDF = 1-CDF. Following is a simple Matlab code for obtaining the CCDF curve from 
the received samples (in this figure random noise samples are used). Figure 3.4 shows the 
corresponding Matlab plots. 


1 
2 

3 N=le7 ; 

4 noise=(randn(1,N)+sqrt(-1)*randn(1,N))/sqrt (2); 
5 noise_P=abs(noise).*2 ; 

6 noise_P_av = mean(noise_P); 

7 noise_P_norm = noise_P/noise_P_av; 

8 subplot(2,2,1) 

9 plot (10*1log10(noise_P_norm) ); 

10 xlabel(' ] index') 

1 ~ylabel(' wer in dB') 

122. title('(a) Noise sample powers') 


3 axis([0,1000,-30 10]) 

4 =6[x,y]=hist(10*1log10(noise_P_norm) ,100); 
15 subplot (2,2,2) 

16 «=plot(y,x/sum(x)); 

17. xlabel('power in dB') 

i s-ylabel('probability') 

19 title('(b) PDF') 

20 axis([-40,15,0.000001 .08]) 

21. subplot(2,2,3) 

22 plot(y,cumsum(x/sum(x) ) ) 

23 xlabel(' dB') 

24 ylabel(' i 
2 title('(c) CDF") 
2 axis([-30,15,0 1.1]) 

27. subplot (2,2, 4) 

28 semilogy(y,1-cumsum(x/sum(x) ) ) 
29 xlabel(' i 
30 ylabel(' ve 
31 title('(d) F™) 

32 axis([-10,15,0.00000001 1.2]) 


in 


Compared to PAPR, CCDF provides more in-depth analysis and more reliable measurements. 
Due to the random nature of the signals that we analyze in communication systems, the occurrence 
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Figure 3.4 Relation between received signal power, PDF, CDF, and CCDF. (a) Noise sample powers. (b) PDF. 
(c) CDF. (d) CCDF. 


of the highest peak value depends on the measurement time. Two separate measurements of the 
PAPR from two different sets of data windows might not give us the same results. Therefore, it 
might be better to look at the CCDF measurements. 

By looking at the CCDF measurements, one can get some intuitive feelings of what type of mod- 
ulation or filtering is used in the signal. For example, the CCDF curves for constant envelope 
modulation (let’s say Gaussian minimum shift keying as used in global system for mobile communi- 
cations [GSM]) and nonconstant envelope modulations (let’s say 8-PSK mode as used in enhanced 
data rates for GSM evolution [EDGE]) will be different. Similarly, CCDF of various orders of quadra- 
ture amplitude modulation (QAM) will be different; (4-state quadrature amplitude modulation 
[4-QAM] will have different curves than 64-state quadrature amplitude modulation [64-QAM]). 
Therefore, by looking at the CCDF curves, it is possible to characterize various modulation and 
filtering types. In the following Matlab code, CCDF curves for two different QAM modulations are 
obtained and the corresponding plots are given in Figure 3.5. 

It is also possible to characterize the multicarrier signals and multiuser CDMA signals from 
the CCDF curves. In fact, multiple digitally modulated signals combined together (and let’s say 
transmitted from a single source like base stations) can also be characterized through CCDF 
plots. In general, superimposition of multiple signals (either coded with different Pseudo Random 
sequences like in CDMA or transmitted over multiple carriers like in orthogonal frequency 
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N=1le6; 1 

sps=8; er lin = 

fltr=rcosine(1,sps) ; 2 ine 

M=4; T 1 

alp=qammod(0:M-1,M); 

norm=sqrt (mean(abs(alp).*2)) ; 

symb= gammod (floor (rand(1,N) *M),M)/norm; 
u_frame=upsample(symb, sps); 

sgnl_tx_4 = conv(fltr,u_frame) ; 

M=64; lati = 

alp=qammod(0:M-1,M); 

norm=sqrt (mean(abs(alp).*2)); 

symb= gammod (floor (rand(1,N) *M),M)/norm; 
u_frame=upsample(symb, sps); 

sgnl_tx_64 = conv(fltr,u_frame) ; 

[x4, y4]=hist (abs (sgnl_tx_4).*2,100) ; 

[x64, y64]=hist (abs (sgnl_tx_64).*2,100) ; 
figure(1);clf 

semilogy (10*1log10(y4) ,1—-cumsum(x4/sum(x4)),'—') 
hold on 
semilogy(10*1log10(y64),1-cumsum(x64/sum(x64)),'—') 
legend ('4—-QAM', '64-QAM') 

grid 
xlabel('po 
ylabel(' 
title ('CCDF 
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Figure 3.5 Comparison of CCDF curve for two different QAM modulations. As the modulation order 
increases, the PAPR also increases, shifting the CCDF curve to the right. 


division multiplexing [OFDM] or transmitted in adjacent bands like in FDMA signals) increases the 
PAPR of the combined signal compared to the individual signals. For example, if a signal is made 
up of multiple (let’s say N) superimposed tones that are of equal amplitude and that their phases 
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are coherent in the sense that they add up constructively once over a certain period, then the PAPR 
of this N-tone signal can be estimated as PAPR = 10log,,(N). As can be seen here, as the number 
of tones (N) increases, the PAPR also increases. Such intuition, for example, can provide us rough 
information on the number of active codes used in a combined CDMA signal. Similarly, this can be 
used to get a rough idea on how many carriers are possibly used in an orthogonal frequency division 
multiplexing (OFDM) signal. On the other hand, the CCDF curves can also help us design the 
optimal number of carriers (or codes, or adjacent channel signals) so that the combined signal stays 
within the linear region of the nonlinear devices (like power amplifiers) to avoid signal distortion. 
Similarly, the CCDF curve helps us in designing efficient PAPR reduction techniques which are 
extremely important for OFDM based multicarrier modulation schemes. 

CCDF curve can also provide us some idea about the compression of a signal by the nonlinear 
components like power amplifier, mixer, etc. For example, the PA compresses the signal when the 
power reaches into the saturation region. By looking at the CCDF characteristics of the signal before 
and after the PA, we can see whether the signal is compressed or not. If both the input and output 
signals exhibit similar CCDF characteristics, then we can say that the PA is not distorting the signal 
and amplification is linear (in other words the PAPR of the signal remains the same). On the other 
hand, if the input power levels are around the saturation region where the PA compresses the signal 
and the output signal is clipped, then the PAPR or the output signal will be less than the PAPR of 
the input signal. Similarly, the CCDF curves of the output signal and input signal will not be the 
same. In the case of the compressed signal, the CCDF curve will be shifted to the left. As can be 
understood from the above discussion, the CCDF plot can be a great tool to optimize the system 
design in various levels including the PA, input signaling type, input signal power, etc. 


3.2.2 Time Selectivity Measure 


CCDF is useful in obtaining statistics of the amplitude and power of the received signal. However, 
it does not provide information about the rate of change of the signal. Time selectivity measure 
is referred to as the variation of the channel that the signal is operating. The signal amplitude 
can also vary due to the modulation, multiple accessing, and frame format of the signal that is 
transmitted. These variations are not channel dependent, rather waveform dependent variations. 
In this subsection, time selectivity is referred for the variation of the operating channel (not the 
whole signal). In a later section of this chapter, we will discuss the variation of the whole signal 
(channel plus the transmitted waveform) using correlation and cyclostationary analysis. 

Doppler shift is the frequency shift experienced by the radio signal when either the transmitter 
or receiver is in motion, and Doppler spread is a measure of the spectral broadening caused by the 
temporal rate of change of the mobile radio channel. Therefore, time-selective fading and Doppler 
spread are directly related. The coherence time of the channel can be used to characterize the time 
variation of the time-selective channel. It represents the statistical measure of the time window 
over which the two signal components have a strong correlation, and it is inversely proportional to 
the Doppler spread. 

Time selectivity and Doppler spread estimation have been studied for several applications in 
wireless mobile radio systems. Correlation and variation of channel estimates, as well as correlation 
and variation of the signal envelope, have been used for Doppler spread estimation [1]. One simple 
method for Doppler spread estimation is to use differentials of the complex channel estimates. The 
differentials of the channel estimates are very noisy, hence require low-pass filtering. The band- 
width of the low-pass filter is also a function of the Doppler estimate. Another simple approach is 
based on the autocorrelation of complex channel estimates, which provides more reliable results 
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compared to the differential. Channel autocorrelation can be calculated using the channel esti- 
mates over the known field of the transmitted data. Instead of using channel estimates, the received 
signal can also be used directly in estimating Doppler spread information. The Doppler informa- 
tion can be estimated as a function of the deviation of the averaged signal envelope. Similarly, level 
crossing rate of the average signal level can be used in estimating velocity and Doppler spread. 
Multiple antennas can also be exploited for Doppler spread estimation, where a linear relation 
between the switching rate of the antenna branches and Doppler frequency can be obtained. 


3.3. Frequency Domain Analysis 


Revealing signal spectral components is useful for many applications like center frequency and 
bandwidth estimation, in-band and out-of-band spurious emission detection, observing spectral 
re-growth, understanding intermodulation products, measuring the adjacent channel powers, 
monitoring spectral flatness, analyzing interference and noise sources, analyzing spectral contents 
of the desired and interfering signals, spectrum awareness (especially in the cognitive radio 
context), band power measurement (the total power between two selected frequencies), and calcu- 
lating EVM versus spectrum (especially very important for OFDM systems). For example, adjacent 
channel power (ACP) measurement is an integral part of many wireless standards. The interfer- 
ence caused in the adjacent channel due to energy that spills from the desired communication 
is a critical parameter that needs to be controlled (often strictly regulated by wireless standards). 
Nonlinear devices, like PAs, introduce spectral re-growth (making the spectrum larger than it 
actually is), causing adjacent channel interference. Similarly, spurious and harmonics caused by 
nonlinear behaviors of the RF components can be measured using spectral measurements. These 
measurements are critical to monitor and control interference levels on communication systems 
operating in other bands. 

Spectral measurements help the designer to monitor the spectrum and optimize the transmission 
parameters accordingly. Recently, in the context of cognitive radio, spectrum sensing has received a 
lot of interest to monitor primary signals (and interference temperature) for opportunistic spectrum 
usage. 

In frequency domain analysis, the received time discrete samples are transformed to frequency 
by using discrete Fourier transform (DFT) which is implemented efficiently with fast Fourier trans- 
form (FFT). If the time domain samples are represented as x(n), n = 1,...,N, then the DFT of these 
samples will be: 

NA joxkn 


X(k) = Vx, (3.2) 
n=0 


where N is the FFT size and number of samples in the data block (after zero padding if necessary). 
The transformed frequency domain samples will have a resolution of f, where f, is the sampling 


frequency. The frequency range of FFT starts from 0 Hz until fh. The frequency resolution increases 
with the data record length N. In order to avoid aliasing, sample rate f, should be above the Nyquist 
rate (f, > 2f ra. where f,,,., is the highest frequency component of the signal). Hence, in spectrum 
analysis, the frequency span can be controlled by adjusting the sampling rate and for a given sam- 
pling rate the frequency resolution can be improved by increasing the data block size. If the signal 
is in higher frequencies, by employing band selectable analysis (BSA) the frequency resolution can 
be increased for a given data block size. The BSA allows us to reduce the frequency span by mix- 
ing the high-frequency signal to lower frequencies, digital filtering, and decimating the data. Since 
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Figure 3.6 Power spectrum of 16-QAM modulation with raised cosine filtering (a = 0.3). 


the signal is shifted to lower frequencies, reducing the sampling rate is possible. In the following 
Matlab code, a 16-state quadrature amplitude modulation (16-QAM) modulated signal with raised 
cosine filtering (with roll-off factor of a = 0.3) is generated. The 3 dB normalized bandwidth of the 
modulated and filtered signal will be B, yz = 1+ a. The plot is shown in Figure 3.6. 


1 
2 ) 
3 N=1e4; 

4 sps=4; e A: 

5 fltr_rolloff=0.3; 

6 fltr=rcosine(1,sps,[],fltr_rolloff); 

7 M=16; 

8 alp=qammod(0:M-1,M); 

9 norm=sqrt (mean(abs(alp).*2)); 

10 symb= qammod (floor (rand(1,N)*M) ,M) /norm; 
11 u_frame=upsample(symb, sps)j; 

12. sgnl_tx_16 = conv(fltr,u_frame) ; 


13 [Pxx,F]=pwelch(sgnl_tx_16, [],[],2048,sps, 'twosided'); 
14 plot (F,10*1l0g10 (Pxx) ) 

15 xlabel('Normalized (with symbol rate) Frequency (Hz)') 
16 ylabel('Power (dB/Hz)') 


In the following Matlab script, the impact of the sampling rate and data window in frequency 
resolution can be seen clearly. Two tones are generated with frequencies of 1000 and 1200 Hz 
(the spacing between the tones is 200 Hz). With a large data window size, the tones can be resolved 
from each other (see Figure 3.7a). When the data window length is reduced (300 samples in this 
specific scenario), then the frequency resolution reduces as well, making it difficult to resolve the 
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1 
2 
3 £1=1000; 

4 £2=1200; 

5 frequency_max=max(f1,f2); 

6 fs=6*frequency_max; 

7 time=0:1/fs:10000/frequency_max; 
8 x=cos(2*pi*f1l*time) ; 

9 y=cos(2*pi*f2*time) ; 


lo zZ=x+y; 
1. subplot (2,2,1) 
12. «[Pxx, F]=pwelch(z(1:10000),[],[],2048,fs); 


3 «plot (F,10*10g10 (Pxx) ) 
4 xlabel('Frequency (Hz) 
15 ylabel('Pow 


16 = title('(a) 
17. subplot (2,2,2) 
1g [Pxx,F]=pwelch(z(1:300),[],[],2048,fs); 


19 plot (F,10*1lo0g10 (Pxx) ) 

20 xlabel(' uency (Hz)') 
21 ylabel('P 
22 title('(b) na 
23 «subplot (2,2,3) 
24 z2z=z.*cos(2*pi*800*[1:length(z)]/fs); 

25 [Pxx, F]=pwelch(zz(1:300),[],[],2048,fs); 
20 plot (F,10*log10(Pxx) ) 
27 xlabel('Frequency (Hz)"') 
28 ylabel('P 
2 «=title('(c) t 
30 subplot (2,2, 4) 
31 frequency_max_new=400; 

32 d_rate=frequency_max/frequency_max_new; 

33 BB = firl(150,0.12); 

34 filtered=conv (BB, zz); 

35 zd=downsample(filtered,d_rate) ; 

36 «6 Pxx, F] =spwelch(zd(1:300),[],[],2048,fs/d_rate) ; 
37. plot (F,10*1lo0g10 (Pxx) ) 

38 xlabel('Frequency (Hz)"') 

39 ylabel('P 
40 title('(d) Band se 


ve analysis'); 


tones (see Figure 3.7b). If the data window size is something we cannot control, by employing band 
selective analysis, we can increase the resolution. Since the tones were in higher frequencies, in the 
following code, we shifted them to further baseband. With the same data window size as in (b), with 
band selective analysis, the resolution is increased (see Figure 3.7d). 


3.3.1 Adjacent Channel Power Ratio 


Adjacent channel power ratio (ACPR) is a measure of how much interference a transmitter can 
cause on nearby channels. The measurement is a relative power with respect to the total transmitted 
power and expressed in dB, or the relative difference between the signal power in the main channel 
and the signal power in the adjacent or alternate channel. Depending on the particular communica- 
tion standard, these measurements are often described as adjacent channel power ratio (ACPR) or 
adjacent channel leakage ratio (ACLR) tests. Many transmission standards, such as IS-95, CDMA, 
wide band code division multiple access (WCDMA), 802.11, and Bluetooth, contain a definition for 
ACPR measurements. 

Wireless standards define spectral masks to set boundaries for the signal power spectrum. 
A transmit spectrum mask is the power contained in a specified frequency bandwidth, and 
wireless standards define how much power can be emitted from a transmitter at the center fre- 
quency and at the given frequency points (called offsets) on both sides of the center frequency. For 
example, in Figure 3.8, a spectral mask that is defined in the institute of electrical and electronics 
engineers (IEEE) specification 802.11a, 802.11b, and 802.11g is given. 
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Figure 3.7. Spectrum analysis of two tone signal. (a) Large window size. (b) Small window size. (c) After 
mixing the signal (without filtering). (d) Band selective analysis. 
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Figure 3.8 Spectrum mask defined in IEEE 802.11 specifications. 


3.3. Frequency Domain Analysis 


Similar to the ACPR measurement, out-of-band measurements can be done on signals outside of 
the desired signal’s band. The signals (referred to as harmonics) that appear outside of the actual 
transmission band can interfere with other communication systems. The out-of-band measure- 
ment can be performed using spectrum analyzers with a wide frequency range and good dynamic 
range. 

For ACPR measurements, the transmitter signal is modulated in normal operating conditions. 
For burst signals like in time division multiple access (TDMA), the measurements are to be made 
when the transmitter is active. All measurements are made at the transmitter output port. During 
the measurement, the transmitter power can be set to maximum output power. Then, the in-band 
power and out-of-band powers in adjacent and alternate frequencies can be measured by integrat- 
ing the power within each band between the start and end frequency. 


3.3.2 Frequency Selectivity Measure 


Delay spread is one of the most commonly used parameters that describes the time dispersiveness 
of the channel, and it is related to the frequency selectivity of the channel. Frequency selectivity 
can be described in terms of coherence bandwidth, which is a measure of the range of frequencies 
over which the two frequency components have a strong correlation. The coherence bandwidth is 
inversely proportional to the delay spread [2]. 

Although dispersion estimation can be very useful for many wireless communication systems, it 
is particularly crucial for OFDM based wireless communication systems. OFDM, which is a mul- 
ticarrier modulation technique, handles the ISI problem due to high bit rate communication by 
splitting the high rate symbol stream into several lower rate streams and transmitting them on dif- 
ferent orthogonal carriers. The OFDM symbols with increased duration might still be affected by 
the previous OFDM symbols due to multipath dispersion. Cyclic prefix extension of the OFDM 
symbol avoids ISI from the previous OFDM symbols if the cyclic prefix length is greater than the 
maximum excess delay of the channel. Since the maximum excess delay depends on the radio envi- 
ronment, the cyclic prefix length needs to be designed for the worst case channel condition. This 
makes cyclic prefix as a significant portion of the transmitted data, resulting in reduced spectral 
efficiency. One way to increase spectral efficiency is to adapt the length of the cyclic prefix depend- 
ing on the radio environment. The adaptation requires estimation of maximum excess delay of 
the radio channel, which is also related to the frequency selectivity of the channel. In HyperLAN2, 
which is a wireless local area network (WLAN) standard, a cyclic prefix duration of 800 ns, which is 
sufficient to allow good performance for channels with delay spreads up to 250 ns, is used. Option- 
ally, a short cyclic prefix with 400 ns duration may be used for short-range indoor applications. 
Similarly, the wireless metropolitan area network (WMAN) standard, IEEE 802.16, defines several 
cyclic prefix options that can be used in different environments. Delay spread estimation allows 
adaptation of these various options to optimize the spectral efficiency. Other OFDM parameters 
that could be changed adaptively using the knowledge of the dispersion are the OFDM symbol 
duration and OFDM sub-carrier bandwidth. 

Characterization of the frequency selectivity of the radio channel is studied extensively using 
level crossing rate (LCR) of the channel in frequency domain. Frequency domain LCR gives the 
average number of crossings per Hz at which the measured amplitude crosses a threshold level. 
An analytical expression between LCR and the time domain parameters corresponding to a spe- 
cific multipath power delay profile (PDP) can be easily obtained. LCR is very sensitive to noise, 
which increases the number of level crossing and severely deteriorates the performance of the LCR 
measurement. Filtering the channel frequency response reduces the noise effect, but finding the 
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appropriate filter parameters is an issue. If the filter is not designed properly, one might end up 
smoothing the actual variation of frequency domain channel response. 

The instantaneous root mean squared (RMS) delay spread, which provides information about 
local (small-scale) channel dispersion, can be obtained by estimating the channel impulse response 
(CIR) in time domain. The absolute square of these CIR estimates can then be averaged in time to 
obtain the power delay profile and hence the average (long term) delay spread estimate. Chan- 
nel frequency selectivity and delay spread information can also be calculated using the channel 
frequency correlation estimates, and analytical expressions between delay spread and coherence 
bandwidth can be obtained easily. 


3.4 Joint Time-Frequency Analysis 


In order to reveal the temporal and spectral components of a nonstationary signal, joint time- 
frequency analysis (TFA) could be performed. TFA combines time and frequency domain analysis 
which is especially useful to understand the characteristics of nonstationary, impulsive, and mul- 
ticomponent signals. TFA gives a better representation of the dynamic usage of the spectrum over 
time. For example, in Figure 3.9, a time-frequency representation of a Bluetooth signal is given. For 
a signal like this, if we were to look at the power spectrum of the whole received signal, we can see 
as if the whole band is used all the time, misleading the communication engineer in the analysis of 
the signal. As can be seen from the figure, the whole bandwidth is not used all the time. The signal 
is frequency hopping and using only a fraction of the spectrum at each time interval. 

Signal intelligence, blind signal identification, and CR/SDR (which have found applications in 
military and commercial communications including signal classification, interference identifica- 
tion and cancellation, spectrum management, surveillance, and electronic warfare) can benefit 
greatly from TFR-based signal-processing techniques. TFA can be used as an initial analysis tool 
to provide some characteristics about the signal (such as instantaneous frequency, instantaneous 
bandwidth, power statistics, and spurious emissions). Modulation domain, space domain, and code 
domain can then be evaluated as the next step after TFA and thus characterize different dimensions 
of the signal attributes for further processing such as signal classification and feature extraction. 
Alternatively, these domains can be evaluated jointly with TFA processing. For instance, mode 
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Figure 3.9  |Llustration of bluetooth Like signaling in time-frequency plane. 
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identification can use TFA for signal detection and feature extraction which is then used for mod- 
ulation and mode identification. 

In [3], TFA is combined with pattern recognition to identify superimposed transmission modes 
such as Bluetooth and 802.11b standards in an SDR terminal. In [4], TFA is used for better 
resolution in time-frequency planes for frequency-hopping spread spectrum (FHSS) parameters 
estimation in embedded noise. For instance, hop frequencies, hop duration, and time offset can be 
blindly estimated using TFA. TFA is used for modulation classification and symbol rate estimation 
in [5]. TFA is also exploited for interference suppression in wideband communication systems 
using direct-sequence spread-spectrum (DSSS) in applications such as CDMA, low probability 
of being intercepted (LPI) systems, communications over channels with multipath, resistance to 
intentional jamming [6]. Another important application for TFA is SDR testing and measurements 
as there is a need for software-based tests for the wide range of wireless communication standards. 
Recently, advanced signal analyzers for testing and measurement were released in the market. 
These equipment are capable of capturing and displaying RF signals in multidomain mode such as 
time, frequency, joint time-frequency, modulation constellation, error vector magnitude. Similar 
efforts for measurement and testing different technologies based on TFA are also provided in the 
literature to provide automated measurements such as estimation of instantaneous frequency, 
carrier frequency, instantaneous bandwidth, and RF power. TFA are exploited for generic mea- 
surement purposes in second and third generation telecommunication systems. The proposed 
techniques use a digital signal-processing approach for carrying the most needed measurements. 
For instance, TFA-based measurements for verifying global system for mobile communications 
(GSM) and universal mobile telecommunications service (UMTS) equipment were proposed in 
[7]. It can be concluded that TFA can provide better visualization of signal dynamics. This can 
be much beneficial compared to usual mono-dimensional analysis. Careful selection for the TFA 
method is needed to fully analyze the signal. 

Many TFA methods exist in the literature [8]. One famous TFA techniques is short time Fourier 
transform (STFT) which is also referred to as spectrogram in many test equipments. In STFT, a 
prewindowing (in time) is applied before the transformation, providing spectral properties of the 
signal in short time periods (local spectrum). The performance of the spectrogram depends on the 
window type and size which often results in a trade-off in obtaining a good time resolution (at 
the expense of bad frequency resolution) or vice-versa. Decreasing the window size results in a 
better time resolution since the length of the signal which is processed at a time is shorter. Yet, 
this reduces the frequency resolution of the spectrogram. Recently, other techniques that provide 
a more accurate representation of time-frequency characteristics are developed. For example, it is 
reported that smoothed-pseudo-Wigner-Ville distribution (SPWD) can provide enhanced perfor- 
mance compared to STFT. 

Most of the TFA techniques employ some kind of smoothing kernel, window, or filter to reduce 
cross-components [8]. Basically, TFA can be classified into two types: linear and quadratic TFAs [8]. 
Examples for the first type are STFT, Gabor expansion, and Wavelet transform. Whereas examples 
for quadratic TFA are Wigner-Ville distribution, Choi-Williams distributions, and time-frequency 
distribution series. 

STFT ofa signal can be given as 


STFT(t, w) = / x(r)w(t — tet" dr, (3.3) 
where x(t) is the analyzed signal, and w(t) is the window function. Due to the uncertainty principle, 
the window selection creates a trade-off between time and frequency resolutions and thus limits 
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the use of STFT in applications where both resolutions are required. However, it was found that 
Gaussian windows achieve minimum time-frequency uncertainty. 

Another well known TFA is wavelet transform (WT) which is a mathematical technique that 
correlates the signal with shifted and dilated versions of an analyzing function, called wavelets. WT 
thus provides multiresolution decomposition of the signal. The continuous WT (CWT) is given by 


foe} 


CWT(t,a) = / xy ( 


—o 


t-—T 
a 


) dt, (3.4) 


where a is the scale factor, z is the translation factor (shift), and y is an arbitrary mother wavelet. 
The discrete wavelet transform (DWT) is then evaluated at discrete scales and translations 
which reduces computations. In practice, the implementation of a DWT suitable for finite-length 
discrete-time signals is based upon the multiresolution analysis which decomposes a signal into 
scales with different time and frequency resolutions. A major drawback for WT is that it has time 
resolution varying with the analyzed scale. This means that the time resolution for the small 
scale (high frequency) is better than frequency resolution, and the reverse is true for a low scale. 
Nevertheless, WT finds its common use in many applications as it provides multiband decom- 
position of the signal. This is beneficial for applications such as transient analysis, interference 
mitigation, signal classification, and many other applications. 

A second class of the TFA is bilinear class. An example of this class is Smoothed-Pseudo-Wigner- 
Ville distribution (SPWD).SPWD is largely used because of its desired TFA properties Another TFA 
belonging to a bilinear category is Choi-Williams distribution (CWD). It provides high resolution 
in both time and frequency while minimizing the cross-terms but does not satisfy the finite support 
property in time and frequency. Comparison between some of the TFAs are given in [9]. 

In general, no one set of TFAs performs well in all applications. Smoothed representations pro- 
vide high resolution, but they require a careful choice of filtering or windowing to match the signal 
characteristics and decrease interference terms. Adaptive algorithms provide better resolution, but 
they are either computationally expensive or require apriori data information. Suboptimal com- 
putational efficient algorithms exist for high time or frequency resolution. One possible solution 
is to use an adaptive algorithm like adaptive spectrogram as an initial TFA for unknown signals. 
After analyzing the signal, it may be possible to select a suitable TFA from the TF dictionary. For 
instance, in [4] adaptive STFT is used to analyze FH signals and then optimized TFA for a better 
analysis. 


3.5 Code Domain Analysis 


Code domain power analysis provides the signal power projected on a code-space normalized to 
the total signal power. It is the distribution of signal power across the set of code channels, normal- 
ized to the total signal power. This can be obtained from the correlation coefficient factor of each 
code. This is useful for composite signal analysis, allowing us to monitor the active channels with 
their individual channel powers. Ideally, inactive channels should have a zero level. The levels of 
the inactive channels can provide useful information about specific impairments. A related mea- 
surement, Rho provides the normalized correlation coefficient between the measured and ideal 
reference signals, i.e. 


Py x, 
P 


p= ; (3.5) 


total 
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where Py, is the correlated power of measured signal and ideal reference and P,,,,, is the total 


signal power. 
In the ideal situation, we obtain the maximum value of 1.0, which means the measured signal 


and reference signal are 100% identical. 


1 
2 r 

3. codes=hadamard(16); 

4 codes_used=[1 5 7 13]; 

5 codes_Amp=[4 2 1 6]; 

6 sgnl_tx = zeros(1,16); 

7 noise_var=0.03; 

8 kk=1: length (codes_used) 

9 sgnl_tx=sgnl_tx+codes (codes_used (kk), :) *codes_Amp (kk) ; 


11 sgnl_rx=sgnl_tx+sqrt (noise_var) * (randn(1,16)+j*randn(1,16))/sqrt (2); 


13 11=1:16 


14 code_corr(1l) = abs(sum(sgnl_rx .* codes(1l,:)))/16; 
15 
16 stem(code_corr); grid; xlabel('codes');ylabel('Code Power') 


In the following code a simple code domain power measurement technique is given. For the sake 
of simplicity, 16 codes using Hadamard matrix is generated. A set of these codes (four of them) used 
to make up a signal. Additive white Gaussian noise (AWGN) noise added to the combined signal. 
The received noisy signal is then passed through code domain analysis. Figure 3.10 shows the result 


Code power 


0 2 4 6 8 10 12 14 16 
Codes 


Figure 3.10 Code domain power plot. Four active codes from Hadamard matrix (of size 16) along with 
noise constitute a signal, and code domain power plot clearly identifies the active codes. The active codes 
have different power Levels and as can be seen in the figure, code domain power measurement indicates the 
difference in power levels. 


65 


66 


3 Multidimensional Signal Analysis 


of the code domain analysis. As can be seen, the code domain power measurement displays the rel- 
ative power in each channel. Note that due to the noise, some small power (depending on the SNR) 
appears on the codes that are not used, which is expected. When the SNR decreases, these unde- 
sired correlations in unused codes will also increase. In multiuser CDMA systems, each code (or 
often called channel) is assigned to a different user. Therefore, with code domain power measure- 
ments, we can view the presence of a signal in any code. Such feature can also be very useful for 
spectrum awareness measurement in cognitive radio if the primary user is employing CDMA type 
of transmission. 


3.5.1 Code Selectivity 


Code selectivity, like pseudo random (PN) codes in DSSS or time hopping (TH) codes in ultra 
wideband (UWB) or frequency hopping (FH) codes in FH systems, could be a strong measure for 
system design for future wireless radio systems. Many of the wireless systems are interference lim- 
ited. Therefore, the capacity is determined by how much interference the system can tolerate. For 
example, the self interference (like intersymbol interference) which is caused by the nonzero auto- 
correlation sidelobes, and multi-access interference (MAI) due to the nonzero cross-correlations 
are major interference sources that are related to the code design. The effect of interference and 
near-far problem can be minimized by employing power control. Alternatively, decreasing side- 
lobes of the auto- and cross-correlation also reduces interference and increases spectral efficiency. 
Therefore, it is desirable to have sequences with ideal cross- and autocorrelation properties. How- 
ever, it is proven that “perfect” sequences do not exist. Also, it is well known that there is a trade-off 
between obtaining good auto and cross-correlation properties, i.e. smaller ISI leads to larger MAI 
or vice-versa. In addition, the number of possible codes (and hence the capacity) can be increased 
by allowing some correlation (or interference) in code domain. In other words, the number of 
codes that have good correlation properties are limited. As a result, by allowing some correlation 
adaptively depending on the other system, channel, and transceiver parameters, the overall capac- 
ity of the system can be increased. 

The correlation properties can also be changed adaptively to provide desired properties over a 
zone depending on other channel selectivity parameters. For example, there are several approaches 
in obtaining sequences with low and zero correlation zone properties. One common method of 
generating zero correlation zone (ZCZ) sequences is based on using complementary sequences [10]. 
In general, if there is a collection of K (K is even) mutually orthogonal complementary sets with 
each containing K sequences of length L,,7, it is possible to construct a set of ZCZ sequences [10]. 
As described before, there is the same trade-off between the required Lz, and the number of active 
users, given a fixed code length. Methods for generating low correlation zone (LCZ) sequences 
are also available in the literature. For example, LCZ sequences can be obtained from the Gold 
sequences that have the run property of cross-correlation with a consecutive value of —1ina certain 
range. By the phase shift of Gold sequences, new Gold sequences that have run property around the 
origin can be obtained. There are also other techniques for generation LCZ sequences. However, 
here, we will not discuss them. The interested readers are referred to [11]. 

In summary, there are various ways to approach the interference problem in wireless com- 
munication systems. For example, one way to deal with it is based on allowing interference and 
employing receivers with interference cancelation capability. There has been considerable amount 
of research in this direction as it increases the spectral efficiency greatly. Another popular approach 
is to avoid interference by designing proper sequences as described above. The first approach 
usually requires complex receiver structures and might not remove interference completely. 


3.6 Correlation Analysis 


Although the second approach avoids interference, it has a limited number of codes. A better 
approach is to employ a combination of those adaptively. 


3.6 Correlation Analysis 


Autocorrelation and cross-correlation are two popular correlation measurements. Correlation anal- 
ysis provides the degree of similarity between two signals. The cross-correlation sequence between 
two discrete-time sequences, x(n) and y(n) is given by: 


Ry) = Yxyn +1). (3.6) 


Similarly, the autocorrelation sequence of a discrete-time sequence, x(n), can be given by 


R,.(I) = Yxcyx(n ED: (3.7) 


Correlation analysis is very widely used for the digital baseband algorithm design in wireless 
transmitters and receivers. Correlation properties of the noise and modulated signal are exploited in 
designing optimal algorithms. Similarly, the correlation of the wireless channel is used extensively 
for the optimization of the systems. The white noise process exhibits an autocorrelation of a delta 
function, R,..(J) = 6(I), as the successive samples of a white noise sequence are uncorrelated. This 
property is often exploited in optimally detecting the modulated signal from the noise. Some of the 
applications of the correlation analysis can be given as: 


e Speech encoding, especially vocoders 
e Synchronization of signal 

e Channel estimation algorithms 

e Equalization algorithms 

e Interference suppression algorithms 

e Noise suppression algorithms 

e Echo cancelation techniques 

e Blind receiver design 

e Spectrum sensing for cognitive radio 


Cyclostationarity can be considered as an advanced version of correlation analysis [12-18]. 
Cyclostationary features are caused by the periodicity in the signal or its statistics like mean and 
autocorrelation. Instead of looking at the power spectrum, cyclic correlation function can be used 
for detecting signals present in a given spectrum. Cyclostationarity-based detection algorithms 
can differentiate noise from modulated signals. This is a result of the fact that noise is Wide 
Sense Stationary with no correlation while modulated signals are cyclostationary with spectral 
correlation due to the redundancy of signal periodicities [15]. 

The cyclic spectral density (CSD) function of the received signal y(n) = x(n) + w(n), where w(n) 
represents the noise and x(n) represents the signal components, can be calculated as [19] 


Sia= > B@e?**, (3.8) 


T=—-O 


where 


R(t) = E{y(n + a)y*(n — 1)e77"}, (3.9) 
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is the cyclic autocorrelation function, and a is the cyclic frequency. The CSD function outputs peak 
values when the cyclic frequency is equal to the fundamental frequencies of the transmitted signal. 
Cyclic frequencies can be assumed to be known [13, 18] or they can be extracted and used as features 
for identifying transmitted signals [16]. 


3.7 Modulation Domain Analysis 


Digital modulation is one of the signal dimensions. Modulation domain analysis allows detection 
and recovering the digital data bits. Besides, modulation domain analysis provides powerful tools 
to identify and quantify impairments to the I/Q waveforms. For instance, modulation and signal 
quality measures through EVM, CCDF, I/Q vector and constellation, and eye diagrams are some 
of the critical measures in modulation domain analysis. We have discussed these measurements in 
Chapter 2. 

Modulation analysis requires synchronizing to the signal and decoding the modulated symbols. 
Therefore, it requires the knowledge of the transmitted signaling features such as bandwidth, oper- 
ating frequency, modulation type and order, pulse shaping, frame format, etc. Blind estimation of 
these features and applying modulation analysis subsequently is possible. However, blind estima- 
tion of all the waveform parameters would be tedious especially with the wide variety of signaling 
formats available today. For standard-based signaling, known patterns are usually utilized in wire- 
less systems to assist synchronization or for other purposes. Such patterns include preambles, 
midambles, regularly transmitted pilot patterns, spreading sequences, etc. In the presence of a 
known pattern, synchronization can be simply performed by correlating the received signal with 
a known copy of itself [20, 21]. However, since there are a lot of wireless standards available cur- 
rently, which standard-based parameters the receiver needs to be tuned to is another challenge. 
This problem can be avoided by employing a signaling type detection algorithm, i.e. by identify- 
ing the transmission technology used by the transmitter. For example, assume that the transmitter 
technology is identified as a Bluetooth signal. The receiver can use this information for extracting 
some useful information to lock into the signal and enable a detailed modulation analysis. 


3.8 Angular Domain Analysis 


Angular domain analysis can include finding the direction of the signal source and angular spread 
of the signal that is received. 


3.8.1 Direction Finding 


Radio direction finding has a long and rich history specifically in radar applications. As the 
name implies, direction finding refers to finding the direction of the transmitter of the signal 
received. Directional antennas (where the antenna receives or transmits signals only from certain 
directions) are often used to find the direction of the source. By physically rotating the directional 
antenna over all directions, the source of the direction can be found which is the direction where 
the received signal has most energy. Alternatively, the same goal can be achieved by employing 
multiple directional antennas and using a mechanical switch that can select antennas one-by-one. 
This is also called switched beam antenna system where signal strength is observed from one 
of several predetermined fixed beams (Figure 3.11). Both approaches given above correspond to 
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Figure 3.11 Use of directional antennas and switched Switched beam 
beamforming to find the angle of arrival. antenna system 


irection o 
arrival a 
_ 


a single-channel directional finding as only one RF receiver chain is used to find the direction. 
Even though this is a quite simple technique, there is a potential of missing the source when the 
source is not transmitting continuously as all possible directions are not looked at simultaneously. 
Another potential problem is the impact of multipath fading. The signal strength might fade over 
the actual direction of the signal due to destructive combination of multipath components, leading 
to some potential errors in direction finding. 

The direction of the source can also be found using Doppler-based approaches (Figure 3.12). 
Doppler-based direction finding can be achieved by physically spinning an antenna over a circular 
pattern. Ifthe antenna is rotated very fast, it creates a Doppler frequency shift on the arriving signal 
depending on the speed of the rotation and the angle of the signal arriving to the antenna. The 
frequency increases when the antenna is moving toward the signal source and decreases when the 
antenna is moving away from the signal source. Maximum Doppler frequency shift as a function 
of antenna rotation can be written as 


(3.10) 
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doppler 
frequency 


Figure 3.12 Doppler-based direction of arrival estimation. 
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where is the angular velocity of rotation in radians per second (i.e. @ = 2av where v is the veloc- 
ity of the rotation), ris the radius of the antenna rotation in meters, and / is the wavelength (A = <= 
where c is the speed of the light and f. is the carrier frequency of the transmitted signal). The 
Doppler shift will be cycling between the positive and negative values depending on the angle of 
the antenna with respect to the angle of arrival of the signal. The magnitude of the Doppler shift 
is ata maximum as the antenna moves directly toward and away from the direction of the incom- 
ing wavefront. There is no apparent frequency shift when the antenna moves orthogonal to the 
wavefront. 

Alternative to the rotation of the antenna, an approach that is called Pseudo-Doppler can be 
used with a multi-antenna circular array where each antenna is sampled in succession. In this 
case, rather than rotating an antenna, several antennas are sampled with a switch to emulate the 
Doppler effect. The Doppler-based direction finding methods work well even for short duration 
noncontinuous signals. 

Smart antenna systems (which can be considered as multichannel directional finding) can also 
be used for estimating the direction of the source. Smart antenna systems are built upon an array 
of antenna elements and processing of the signals induced on the different antenna elements 
(Figure 3.13). The direction of arrival can be estimated by finding a spatial spectrum of the antenna 
array, where the peaks of this spectrum can provide the angles of arrivals from multiple sources. 
Algorithms that are used for spectral estimation such as multiple signal classification (MUSIC), 
estimation of signal parameters via rotational invariance techniques (ESPRIT) can also be used for 
finding the spatial spectrum. 


3.8.2 Angular Spread 


Angle spread is a measure of how multipath signals are arriving (or departing) with respect to the 
mean arrival (departure) angle. Therefore, angle spread refers to the spread of angles of arrival 
(or departure) of the multipaths at the receiving (transmitting) antenna array [22]. Angle spread 
is related to the spatial selectivity of the channel, which is measured by coherence distance. Like 
coherence time and frequency, coherence distance provides the measure of maximum spatial sep- 
aration over which the signal amplitudes have a strong correlation, and it is inversely proportional 
to the angular spread, i.e. the larger the angle spread, the shorter the coherence distance. Local 
scattering in the vicinity of radio receivers (especially in indoor channels) results in larger angular 
spreads, as the received signals come from many different directions due to relatively richer local 
scattering environment. For a given receiver antenna spacing, this leads to weaker antenna corre- 
lations between the signals received by different antenna elements compared to that of antennas 
in open outdoor environments. Note that although the angular spread is described independent of 
the other channel selectivity values for the sake of simplicity, in reality, the angle of arrival can be 
related to the path delay. The multipath components that are arriving to the receiver with shorter 
delays are expected to have similar angle of arrivals (lower angle spread values). 


Source Figure 3.13 Use of smart antenna system 
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Figure 3.14 Illustration of spatial selectivity. 


Compared to time and frequency selectivity, spatial selectivity has not been studied widely in 
the past. However, recently, there has been a significant amount of work in multi-antenna sys- 
tems. With the widespread application of multi-antenna systems, it is expected that the need for 
understanding spatial selectivity and related parameter estimation techniques will gain momen- 
tum. Spatial selectivity will especially be useful when the requirement for placing antennas close 
to each other increases, as in the case of multiple antennas in mobile units (Figure 3.14). 

Spatial correlation between multiple antenna elements is related to the spatial selectivity, 
antenna distance, mutual coupling between antenna elements, antenna patterns, etc. [23]. 
The spatial correlation has significant effects on multi-antenna systems. Full capacity and perfor- 
mance gains of multi-antenna systems can only be achieved with low antenna correlation values. 
However, when this is not possible, maximum capacity can be achieved by employing efficient 
adaptation techniques. Adaptive power allocation is one way to exploit the knowledge of the 
spatial correlation to improve the performance of multi-antenna systems. Similarly, adaptive mod- 
ulation and coding, which employ different modulation and coding schemes across multi-antenna 
elements depending on the channel correlation, are possible. In MIMO systems, adaptive power 
allocation has been studied extensively by exploiting the knowledge of channel matrix estimate 
and by employing eigenvalue analysis. 


3.9 MIMO Measurements 


Multiple antenna systems are becoming an integral part of wireless transceivers. MIMO is the term 
that defines the use of multiple antennas at both the transmitter and receiver to improve commu- 
nication performance, such as providing a significant increase in data throughput and expansion 
of the link range without additional bandwidth or transmit power. 

Reliable MIMO implementation requires performing certain MIMO measurements on the 
system (Figure 3.15). Often, MIMO measurements are performed either by using multiple vector 
signal analysers (VSAs) or a VSA with multiple RF front-ends. Needless to say, this kind of a 
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Figure 3.15 Two channel MIMO transmitter and receiver measurement set up. Two VSA and two VSA are 
used. Alternatively, a single VSA and vector signal generator (VSG) set with two channel transceivers can 
also be used. 


measurement setup is extremely costly. Recently, measurement techniques using single VSA 
solutions are also proposed. The set of measurable parameters in MIMO systems comprise all 
parameters in single-input single-output (SISO) systems such as I/Q impairments, spectral flat- 
ness, frequency offset, and phase offset. However, there are additional measurements specifically 
critical for MIMO implementation. In the following, some of these measurements will be discussed 
briefly. 


3.9.1 Antenna Correlation 


The correlation between the antennas of a MIMO system is of vital importance for the system 
performance. A high correlation may substantially ruin the diversity and multiplexing gains tar- 
geted by using multiple antennas [24]. Antenna correlation can vary depending on the antenna 
separation and angular spread of the incoming wave [25]. Because of its significance on the achiev- 
able gains, antenna correlation has to be quantified while doing a system performance analysis. 
The correlation between the receiver (Rx) antennas can be measured with a simple setup. In the 
transmitter (Tx) side, only one branch is allowed to be active, whose signals are captured by all 
receiver antennas. By recording and correlating the signals received by each of the antennas, the 
receiver antenna correlations can be determined. If the complex correlation coefficient is higher 
than 0.7, a significant reduction in the targeted gains should be expected [26]. In such a case, the 
most reasonable solution would be to increase the distance between the antennas if it is possible. 


3.9.2 RF Cross-Coupling 


In general, the cross-coupling between the RF front-ends of separate branches of a MIMO system 
is not taken as seriously as the antenna correlation. However, signals at different front-ends may 
become correlated to each other because of the coupling between the front-ends. Hence, the neg- 
ative effect of RF cross-coupling on the system performance can be significant, and it might be 
necessary to quantitatively measure it. The setup to measure the RF cross-coupling between two 
transmitter branches using a single VSA is shown in Figure 3.16. Two separate measurements are 
done. In each measurement, a known signal is transmitted from one of the branches while the 
inactive branch is directly connected to the VSA in the receiver part via a cable. Cross-coupling can 
be measured in this simple way also when the number of branches is more than two. 
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Figure 3.16 Measurement of MIMO cross-coupling between antenna branches using a single VSA solution. 
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3.9.3 EVM Versus Antenna Branches 


EVM and its various versions (EVM versus time and EVM versus frequency) have been discussed 
in detail in the previous sections. In MIMO, EVM can also be measured across multiple antenna 
branches. Since in MIMO, each branch has its own radio, the EVM needs to be measured separately 
for troubleshooting each branch. Therefore, EVM versus the antenna branch could be a useful 
measurement to measure the quality of each antenna branch and compare it with other branches. 


3.9.4 Channel Parameters 


The measurement of the channel parameters constitutes an important initial step in the MIMO 
implementation [27]. A reliable separation of the signals received at each branch depends on 
correctly determining the channel fading coefficients. Other important channel parameters to 
be measured are the channel delay spread, channel coherence time, and the noise level in the 
channel. In order to get reliable statistics of channel parameters, the same measurements have to 
be repeated extensively, which constitutes the tough part of channel measurements. The method 
of performing channel estimation can vary from system to system. Once the channel parameters 
are determined, the real radio channel environment can be simulated in an RF test lab by using a 
channel emulator whose parameters are set according to the channel measurements. The use of a 
channel emulator can enable testing various channel conditions very conveniently, however this 
component considerably increases the hardware cost. 


3.10 Conclusions 


With the advances in wireless technologies, the dimensions of wireless signals are growing. Some 
dimensions that were not exploited before are now heavily utilized with the current standards 
[28-43]. A good example for this is the recent utilization of angular dimension through multi- 
ple antenna systems. It is expected that future standards and future digital signals will have more 
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dimensions. Exploring, exploiting, understanding, and analyzing different dimensions of the sig- 
nals are extremely important for wireless engineers and researchers. The basic concepts provided 
in this chapter are expected to shed some light to the researchers and engineers that are further 
exploring this important area. These concepts will especially be useful for blind signal analysis and 
reception. Also, there is a strong relation between what is discussed in this chapter and the com- 
munication performance parameters measurements that were discussed in Chapter 2 and radio 
environment measurement techniques that will be discussed in Chapter 13. 
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Communication system design has undergone significant changes over the years. New tech- 
nologies are required to be incorporated with exceeding regularity owing to the increasing user 
requirements. However, before any significant change is introduced into a practical system, it 
needs to be validated by modeling and simulation. This chapter looks at the basics of simulation 
of communication systems, covering topics such as strategy, modeling, general methodology, link 
and network-level categorization, error sources, performance evaluation, and practical issues. 


4.1 Simulation: What, Why? 


Communication systems have evolved drastically over recent years. This evolution is not merely 
limited to an increased number of users and higher data rates, rather it involves the introduc- 
tion of various technologies, methods, and algorithms to support the higher demands associated 
with a wide variety of applications. Incorporation of new subsystems, technologies, and algorithms 
requires extensive validation and performance evaluation before they can be made part of the 
system. 

There are three conventional approaches for a system’s performance evaluation, namely, mathe- 
matical analysis, simulation, and hardware prototyping [1]. Analytical methods, while providing a 
direct relationship between the different parameters and system performance, become intractable 
for a complex system. Here, intractability refers to problems that can be solved but the solution 
takes too long for them to be useful in a practical setting [2]. Hardware prototyping, on the other 
hand, requires more time for development and provides limited flexibility to observe the effect of 
tweaking different system parameters. Simulation provides a trade-off in terms of accuracy and 
flexibility. While it does not provide exact closed-form expressions for different performance met- 
rics, its invaluable advantage lies in offering a more economical and faster way to carry out the 
parametric studies in system design [3]. 

Figure 4.1 illustrates a communication system design cycle to highlight the importance of sim- 
ulation in the design process. This process starts with the user requirements and corresponding 
system specifications. This is followed by setting up a simulation environment and verification 
of the parameters corresponding to the link/system. Once this verification is achieved, hardware 
development can begin. The hardware performance is then used to validate the simulation model. 

The validated model can be used for various purposes, such as studying design trade-offs, evaluat- 
ing system performance, or establishing test procedures. It gives the system designer the flexibility 
to see the effect of various design parameters on the system. Insights can be drawn regarding 
performance from a well-rounded simulation. Moreover, simulation also helps in identifying the 
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Figure 4.1 Communication system design process. 


procedures that can be used to evaluate the real system in a more suitable manner. Other applica- 
tions include studying the effect of aging on the system and end-of-life predictions [3]. 

Having established the need for simulation in any design process in general, we look at the strat- 
egy utilized in developing a simulation setup for any communication system or part thereof. 


4.2 Approaching a Simulation 


This section sheds light on some of the critical questions regarding the choices concerning a simu- 
lation setup. First, we discuss the strategies that can be opted for when developing such a system. 
Later, we provide the general steps to follow in solving any problem using a simulation approach. 


4.2.1 Strategy 


Before designing any simulation setup, it is necessary to decide on the general tactical approach. 
The most important question to answer is whether the setup is to be designed for a specific problem 
or needs to be generalized for various aspects of a system or a subsystem. The trade-off, in this case, 
is obvious; the former approach can provide results in a swifter manner but would require a new 
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setup from scratch if a different problem were to be targeted. A generic setup, on the other hand, 
would require more time and effort to develop initially but can be adapted easily for analyzing 
various components of the system (or subsystem). This can be illustrated by considering a typical 
transmitter/receiver chain, as shown in Figure 4.2. It can be seen that the blocks on the receiver 
are counterparts of the transmitter blocks apart from the synchronization and equalization blocks. 
Assume a study related to the mapping/modulation operation which takes processed bits as 
its input. For this specific study, the implementation of source and channel coding blocks is 
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Figure 4.2 Block diagram of typical transmitter and receiver chains. 
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unnecessary and might be a computational burden. However, if different coding techniques were 
to be studied with the said mapping, the general approach comprising of all blocks would be 
more sensible. On the contrary, if a mapping scheme were to be studied without considering its 
impact on the radio frequency (RF) front-end of the communication system, it would be extremely 
misleading since the impairments depend significantly on the mapping used. This goes to show 
how critical it is to identify the various dependencies in a communication system and model them 
accordingly. It also needs to be ensured that all such blocks (which have these dependencies) are 
made part of the simulation setup. 

In addition to the question about generic vs. specific approach, another issue that needs to be 
addressed is the error-time-complexity trade-off. The error can arise from selecting a simpler model, 
which provides faster results but introduces some error into the system. Balancing this trade-off is 
important since overly complex models cannot be used for larger systems, however, at the same 
time inaccuracies beyond a certain limit render the results unreliable. This trade-off is illustrated 
in Figure 4.3. It can be seen that practical operation tries to reduce both error and running time 
while keeping a moderate complexity. 

The ultimate goal of any simulation is to provide performance results in an interpretable and 
palatable manner. This requires the selection of the appropriate performance metric and correct 
visualization tool. A simple example can be considered to see the effect of the latter’s importance, 
assume signal quality measurement is of interest for a particular simulation and bit-error-rate 
(BER) is recorded for that. It is possible to look at the mean value of this metric for the given sce- 
nario and draw conclusions; however, the averaging process destroys the granularity that could be 
provided by measurement tools such as a probability density function (PDF) or cumulative dis- 
tribution function (CDF). These functions can help identify different users (or categories thereof) 
looking at the probability distributions. That being said, in the case of research, performance results 
need to be validated and compared to state-of-the-art solutions in the literature, necessitating the 
use of corresponding metrics and tools. 


4.2.2 General Methodology 


While the methodology depends on the specific design process used, communication systems are 
generally designed utilizing a “top-down” approach, starting from a high-level, abstract depiction 
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Figure 4.3 Illustration of error, time, and complexity trade-off for a simulation model. 


4.3 Basic Modeling Concepts 


of the system. This precedes the incorporation of more detailed models for different blocks of the 
system. The general simulation methodology is summarized below: 


e Given a problem, the first step is to come up with an appropriate system model. This what certain 
authors/academicians refer to as “art” of simulation. While there are no concrete rules about 
what should constitute a system, dependencies in any subsystem under consideration can be 
used as a guideline for identifying other parts of the system model. 

e Having identified the overall problem and the concerned system model, the next step is to decom- 
pose the problem into smaller subproblems. These subproblems are then mapped to the different 
blocks of the system model, where each block performs a specific signal processing operation. 
This modular approach helps in reducing the complexity of the system. 

e This is followed by the selection of proper models for simulation of the various blocks. Since the 
real-world systems are too complex to be analytically tractable, it also renders their perfect repre- 
sentation in the virtual world of simulation impossible. This leads to designers and researchers 
making certain simplifying assumptions; however, these assumptions need to be realistic in order 
to provide practical solutions for the aforementioned subproblems. 

e The results obtained for the identified subproblems can then be combined in a meaningful man- 
ner to solve the overall problem. 


Here, it is important to mention that the models used in simulation generally follow analytical or 
mathematical derivations based on actual measurements. Moving from the hardware to simulation 
results in a higher abstraction with possibly more errors. This renders the modeling stage vital 
for any reasonable simulation study. It is, therefore, appropriate to get an overview of the basic 
modeling concepts at this stage. 


4.3 Basic Modeling Concepts 


Accurate modeling is necessary for both simulation and analytical approaches. Here it should be 
noted that accuracy refers not only to the models of the hardware under test but also the random 
processes being used in the system. Given below is a summary of the different levels of modeling 
that make up a simulation. 


4.3.1 System Modeling 


In the context of this book, a system generally refers to one or more communication link(s) under 
study. A typical link is represented by a block diagram consisting of multiple blocks, like the one 
shown in Figure 4.2. As mentioned earlier, certain assumptions can be leveraged to reduce the 
computational burden. This can include only using certain blocks of the system in simulations. 
However, the selection or removal of these blocks or subsystems needs to be backed by logical 
reasoning. A common example of this approach is the omission of the synchronization block which 
is assumed to be present in many analyses. Another such example is the analog-to-digital converter 
(ADC)/digital-to-analog converter (DAC) block which is rarely made part of the simulation. As a 
general rule, it is preferable to implement the sparsest block diagram which covers the subsystems 
of interest for any given problem. 


4.3.2 Subsystem Modeling 


A subsystem refers to a block in the system which carries out some specific (signal processing) 
task. While most of these subsystems or blocks have ideal models present, it is more realistic to 
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incorporate meaningful deviations from the ideal behavior of the system. A good subsystem-level 
model should, therefore, provide tunable parameters. It is also possible that the available models of 
the subsystems are also obtained from real-world measurements (this is particularly relatable for 
channel models). In such a case, integrating uncertainty in the model is clearly understandable. 


4.3.3. Stochastic Modeling 


Stochastic processes form an imperative part of any communication system. These processes might 
be used to represent desired signals such as information and undesired ones like interference 
and/or noise. The realistic simulation of a system is therefore dependent on the proper use of 
stochastic models for these different aspects. The goal of these models is to correctly imitate the 
randomness of the system and signals. 

Apart from noise, interference, and signals, the channel is also modeled as a stochastic process. 
This is particularly the case for multipath channels that are conventionally modeled with time- 
varying impulse response. The generation of random numbers is also discussed in Section 4.7.2, 
while further details related to channel models will be covered in Chapter 10. 

Having gone over the general methodology and modeling concepts for communication system 
simulation, it is perhaps time to dive a little deeper into the world of simulations. We start off by 
looking at different possibilities of simulation at the link-level. 


4.4. What is a Link/Link-level Simulation? 


In the context of communication systems, a link consists of a transmitting part, a medium, and 
a receiving subsystem [1]. Again, we refer to Figure 4.2 where each block can be considered to 
be part of the link-level simulation. As mentioned in the last section, it is desirable to implemen- 
t/simulate the sparsest possible system in any given situation, where the selected boxes are able to 
cover the dependencies. Alternatively, if a study compares two different designs which are equally 
affected by another component, the latter might not require implementation. Given below is a brief 
description of the different blocks that constitute a typical communication link from the simula- 
tion perspective.' Moreover, code snippets for different blocks of the communication system are 
provided considering our selected case study, i.e. communication in the presence of an additive 
white Gaussian noise (AWGN), which is discussed in the next section. 


4.4.1 Source and Source Coding 


Information sources in real life tend to have an analog nature. Simulations, on the other hand, 
are part of a digital world. A source, therefore, needs to be converted into an equivalent digital 
representation. However, this raises the question that whether it is necessary to simulate this 
part of the system at all. This includes simulation of the ADC and source coding blocks, the 
output of which is a compressed digital signal. The quick answer to this question is “no.” Unless 
either of these blocks is the focus of the study, it is possible to replace them with a binary 
sequence [1]. 


1 Here we are only going to describe the blocks on the transmitter side since everything on the receiver side is 
pretty much an “undo” operation of these blocks. Synchronization and equalization blocks on the receiver side will, 
however, be described since they have no counterparts on the transmitter. 
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N = le6; 
bin_seq = (randn(1,N)>0); 


RwnNne 


The code given above employs a standard normal distribution to generate a binary sequence 
using the condition of samples being greater than zero. 


4.4.2 Channel Coding 


Channel coding mechanisms are used to provide redundancy for the communication, reducing 
the average BER. However, this comes at the cost of increased bandwidth. There are two primary 
approaches for evaluating coding mechanisms in terms of simulation. The first focuses explicitly 
on the encoder/decoder pair (codec) and is suitable for studies which are directed toward analyzing 
the impact of different design parameters on the codec. The alternative is to separate the codec from 
the (discrete) channel. Here instead of implementing the oversampled channel and intermediate 
blocks between encoder and decoder, the discrete channel at symbol rate can be used, leading to 
increased computational saving. 

Conventional schemes are categorized into block and convolutional coding approaches. In either 
case, the use of redundant bits leads to additional bandwidth being utilized. Modeling/simulations 
of codecs can be computationally prohibitive particularly for low BER scenarios (consider 10°), 
where the simulation length becomes extremely large (you need a sufficient number of errors where 
only one out 10~° bits is erroneous on average). It is therefore more feasible to take advantage of 
some approximations or bounds in performance evaluation applications [1]. 


4.4.3. Symbol Mapping/Modulation 


Modulation is a term that can refer to multiple operations in the context of a communication sys- 
tem. Classically, modulation is defined as transmitting a baseband signal over a passband centered 
at a carrier frequency, generally represented by f.. While analog (angle, phase, and frequency) mod- 
ulation schemes have a rich history, we will mostly focus on the digital schemes, also referred to as 
symbol mapping, within the scope of this book. 

As the name suggests, symbol mapping involves mapping bits to different symbols or points in 
the in-phase and quadrature-phase (I/Q) domains. Depending on the order M, an M-ary scheme 
would map log,M bits to each of the M points in the I/Q domain. The points collectively form the 
constellation for any scheme. 


M= 4; 


QPSKModulator = comm.QPSKModulator(M, 'BitInput', true, 
"PhaseOffset', pi/4, 'SymbolMapping', 'Gray') ; 
constellation (QPSKModulator) 

s_OPSK = QPSKModulator (bin_seq) ; 


Nauk wWnNEH 


The code snippet provided shows the mapping of the previously generated binary sequence to a 
quadrature phase shift keying (QPSK) constellation. There are different parameters such as phase 
offset and mapping scheme that can be controlled by the user. For this example, we use a 7/4 phase 
offset (phase offset of 0 would lead to constellation points on the major axes) and Gray mapping. 
Gray mapping is used to reduce BER by ensuring no more than one bit is different between 
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Figure 4.4 QPSK symbol mapping schemes. (a) Gray mapping. (b) Binary mapping. 


adjacent constellation points (see Figure 4.4a). In order to use the conventional symbol mapping 
(see Figure 4.4b), the term “Gray” in the snippet provided above can be replaced by “Binary.” 

For a more detailed understanding of the modulation and mapping concepts, readers are referred 
to Chapter 6. 


4.4.4 Upsampling 


Upsampling allows conversion of data symbols to pulses, which can then be manipulated or shaped 
for different purposes. The upsampling also allows observing the transitions between different sym- 
bols using techniques such as eye and polar diagrams. It should be ensured that the upsampling 
factor corresponds to the rate of the subsequent pulse-shaping digital filter. Upsampling is carried 
out by inserting N — 1 zeros for each symbol to achieve an upsampling by a factor of N. 


1 
2 sps = 8; 
3 u_frame = upsample(s_QPSK, sps); 


The snippet provided above oversamples the mapped symbols by a factor of 8, referred to as 
samples per symbol or “sps.” 


4.4.5 Digital Filtering 


Digital filtering or pulse shaping translates the mapped symbols to physical signals for transmission 
over the communication link. The different parameters of these filters, such as roll-off for raised 
cosine (RC) or bandwidth-time (BT) product of Gaussian filters, can be manipulated to change 
the characteristics of the signal. The increase in bandwidth caused by increasing these parameters 
results in a smoother filter. While the bandwidth occupancy is increased, it leads to better localiza- 
tion of the signal in the time domain. This property enables the utilization of these pulse-shaping 
filters for reducing inter-symbol interference (ISI) by suppressing the sidelobes of time-domain 
signals. 

An example of an ideal rectangular filter is given in the snippet below. The real part of (some) 
mapped symbols and their oversampled and filtered counterparts are also plotted as shown in 
Figure 4.5. 
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Figure 4.5 Comparison of the modulated/mapped symbol with its upsampled and (rectangular) filtered 
versions. 


1 E ing the er ple i ] 
2 fltr = ones(1,sps); Rect lar filter 

3 sgnl_tx = conv(fltr,u_frame) ; i a fter convoluti it the filtex 
4 

5 mparing the nr n e 

6 syms_to_plot = 6; 

7 subplot (3,1,1) 

8 stem(real(s_OPSK(1:syms_to_plot) )) 

9 title('Real Part of Modulated Signal') 


11 subplot (3,1,2) 
122 stem(real(u_frame(1:syms_to_plot*sps) )) 
13 title('Real Part of Upsampled Signal") 


15 subplot (3,1,3) 
16 stem(real(sgnl_tx(1:syms_to_plot*sps) )) 
17. title('Real Part of Filtered Signal') 


For a more detailed discussion regarding filtering and pros and cons of different filters, readers 
are referred to Chapter 6. 


4.4.6 RF Front-end 


The RF front-end of a communication system consists of ADCs/DACs, voltage-controlled oscilla- 
tors (VCOs), power amplifiers (PAs), mixers, and filters. Imperfections in these pieces of equipment 
introduce issues such as carrier frequency offset, I/Q imbalance, and other nonlinear behavior. 
Despite its presence in all real communication systems, this block is often skipped from simulations 
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unless the effect of different parameters such as modulation, filtering, or waveform is intended to 
be studied on the impairments introduced by its constituent components. This is partly due to the 
fact that the models for these blocks are considered a given from hardware design and there is no 
room for modification from a digital communication system designer’s perspective. 

For our particular scenario/case study, i.e. AWGN case, we will not consider the presence of any 
RF impairment in the system. However, readers are referred to Chapter 5 for more information 
related to this topic. 


4.4.7. Channel 


Channel in the context of wireless communication refers to the medium over which the exchange 
of information between different nodes takes place. The simplest channel used in these systems 
is the AWGN model, where the only impairment to the communication is the added noise. Other 
models consider the selectivity/dispersion in time and frequency domains, and their combination. 


1 i 
2 SNR = 10; lesire IR i B 

3. noise = (randn(1,N) + 1j*randn(1,N))/sqrt(2); 
4 noise_var = 10*(-SNR/10) ; I r 

5 sgnl_rx = s_OPSK + noise*sqrt (noise_var); 

6 

7 1 he tr 

8 subplot(1,2,1) 

9 plot(real(s_QPSK),imag(s_OQPSK),'b*') 

10 

11 t tk ( 

12. subplot (1,2,2) 

13. plot (real(sgnl_rx),imag(sgnl_rx),'b*') 


The signal is passed through AWGN channel. To simplify the simulation, the signal power is 
kept unitary while the noise is added according to the desired signal-to-noise ratio (SNR) value.” 
Since the rectangular filter has no effect on the signal, the symbol-spaced signal, i.e. “s_QPSK” is 
used. The constellation diagrams for (part of the) transmitted and received signals are shown in 
Figure 4.6a and b. The clean constellation points present in the former are converted to a cloud in 
the latter due to the presence of noise. 
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Figure 4.6 Transmitted and received constellations for AWGN channel at SNR = 10 GB. (a) Transmitted 
constellation. (b) Received constellation. 


2 The power of the noise is given by its variance, hence the variance is calculated for the desired SNR. 
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Some more discussion regarding communication in the presence of AWGN can be found in 
Section 4.5, while Chapter 10 discusses in detail the different aspects of wireless channel and the 
corresponding models. 


4.4.8 Synchronization and Equalization 


As mentioned earlier, apart from synchronization and equalization, the other blocks on the receiver 
side perform the inverse operation of their corresponding blocks on the transmitter. Hence, these 
blocks will not be discussed here. Furthermore, in the context of AWGN case neither synchroniza- 
tion nor equalization is necessary. Therefore, only a conceptual introduction of both concepts is 
provided below. 

The purpose of the synchronization block is to remove any mismatch in time and/or frequency 
domains between the receiver and transmitter sides. This mismatch is caused by impairments such 
as hardware imperfection (particularly of the VCO) and can lead to severe performance degrada- 
tion. Furthermore, the oversampled data obtained at the receiver needs to be downsampled to the 
original symbol rate for further processing (keep in mind that the corresponding upsampling on 
the transmitter was done to allow pulse shaping). Synchronization is required to determine the 
particular sampling phase that ensures best SNR of the received signal. 

The signal, when passing through the medium or channel, is affected in various ways. It may go 
through different paths experiencing varying degrees of reflection, refraction, diffraction, absorp- 
tion, etc. The process of compensating for these channel effects is referred to as equalization. Once 
equalization is done, the samples can be used for detection of the received symbols/bits. 

Both synchronization and equalization are discussed in Chapters 7 and 8 in the context of 
multi-carrier and single-carrier systems, respectively. Furthermore, Chapter 11 is dedicated to a 
more detailed study of synchronization in single-carrier systems. 


4.4.9 Performance Evaluation and Signal Analysis 


As mentioned earlier (in Section 4.2.1), selection of the appropriate performance metric and 
correspondingly proper visualization tool is an essential part of the simulation methodology. 
These metrics provide a way to measure the quality of the signal. Some examples include 
received signal strength indicator (RSSJ), signal-to-interference-plus-noise ratio (SINR), BER, and 
packet-error-rate (PER) that can be measured at different stages of the receiver chain. RSSI, for 
instance, only provides information regarding the received power irrespective of its source, i.e. it 
is not capable of differentiating between a user’s own signal and interference. SINR, on the other 
hand, allows this differentiation to provide an estimate of user’s own received signal as compared 
to the interference and noise. This, however, comes at the cost of some additional processing. 
Therefore, depending on the application and motivation of simulation, the performance metric 
needs to be decided accordingly. Readers are referred to Chapter 2 for more detailed discussion 
regarding different metrics and visualization tools. 

Apart from the performance evaluation afforded by simulation methodologies, they also 
enable designers to perform the analysis of the communication signals in different domains, 
including but not limited to, time, space and frequency. This facilitates the study of various 
trade-offs accompanying the algorithms and tools being analyzed. Chapter 3 of this book is 
dedicated to multidimensional signal analysis and readers are referred to it for more discussion on 
the topic. 
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Figure 4.7 Block diagram for simulation model in AWGN. 


4.5 Communication in AWGN - A Simple Case Study 


From a wireless communication perspective, AWGN channel represents the most basic simulation 
setup. Figure 4.7 illustrates it in the form of a block diagram. This can be represented mathemati- 
cally as: 


= by + Zk (4.1) 


where r and b refer to the received and baseband signals, respectively, z is the additive noise and the 
subscript k represents the symbol index. It should be noted that the above-mentioned notation is 
the simplest possible representation of the AWGN phenomena which does not consider the effect 
of any pulse shaping or channel impairments (other than noise). The “sgnl_rx” obtained at the end 
of Section 4.4.7 is the equivalent of r, in Eq. (4.1). 


4.5.1 Receiver Design 


This case study aims to analyze the effect of AWGN on communication under different noise levels. 
The performance can be characterized by the number of bit-errors or BER. For this purpose, the 
readers need to develop the appropriate simulation setup according to the guidelines given below: 


1. Since only the impact of noise is studied, synchronization and filtering effects can be ignored. 
Consequently, upsampling/downsampling at the Tx/Rx can also be skipped. 

2. De-mapping operation needs to be implemented. For this, users can calculate the distance of 
each received symbol, r,, from the reference constellation points and map it to the nearest one. 
This is referred to as maximum likelihood detection. 

3. A bit is in error when the detected bit is different from the one sent by the transmitter. This can 
be used to calculate BER as: 


number of bits in error 
BER = : : (4.2) 
total number of transmitted bits 


The simplicity of AWGN channel model raises the question regarding its applicability in today’s 
communication systems. While it is true that these models are not suitable for the conventional 
(terrestrial) systems since they ignore fading, multipath effects, selectivity, dispersion, and inter- 
ference, they are still applicable for scenarios involving satellite and space communication links. 
Moreover, the noise itself in the current systems is also modeled as AWGN. 


4.6 Multi-link vs. Network-level Simulations 


There are different terminologies used to categorize the scope of simulation. Some of the terms used 
include link, multi-link, system, and network-level simulations. Despite their common usage, no 
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Figure 4.8 Simulation hierarchy. 


clear definitions or distinctions are available in the literature. Therefore, we first try to clarify these 
terms before going on to establish the relationship(s) between them. 

Using the bottom-up strategy, we have the link-level simulation first (technology-based simu- 
lation are not the focus in this book, therefore that portion is grayed out in Figure 4.8). To recap 
the discussion in the previous section, this level of simulation focuses on signal generation and 
manipulation (encoding, filtering, pulse shaping), its propagation over the physical medium, and 
its reception. The most common outputs are bits, symbol, or block error rates. In essence, these 
simulations are limited to the physical layer aspects of the communication system. This concept 
can be extended to multi-link simulations which effectively instantiates multiple link-level simu- 
lations simultaneously, allowing the effect of varying parameters and stochastic processes involved 
in the system to be observed. 

Communication system designers/architects are not only interested in the individual link’s per- 
formance but also the evaluation of the whole network. The simulations used for this purpose are 
referred to as system [4] or network-level [1] simulations. However, to avoid any confusion, we 
will use the term network-level simulation since system-level simulation is also used for the full 
transmit-receive chains of single links [3]. The network-level simulation incorporates issues such 
as network planning, user admission, mobility management, and resource management in general. 

Owing to the large number of variables that constitute a network-level simulation, its computa- 
tional complexity, time, and memory requirements can be a prohibitive factor. It is not possible 
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Figure 4.9 Link abstraction model. 


to simulate all the characteristics of user equipments (UEs), base stations (BSs), and the links 
between them. This necessitates the use of some abstraction methods which simplify the sim- 
ulation. Vienna’s system-level simulator [5] is a popular example that performs link-to-network 
mapping by utilizing two blocks, namely, link quality and link performance models. A simplified 
illustration of this is provided in Figure 4.9. The link quality model takes into consideration the 
position-dependent parameters (such as path loss and shadowing) coming from the network lay- 
out, time-dependent small-scale fading, and scheduling information such as power and resource 
allocation. This model is responsible for providing the link performance after equalization and 
SINR metric is used in this particular case. The link performance model then translates the SINR to 
block error rate (BLER) and throughput values for the modulation and coding scheme (MCS) used. 
This is achieved using AWGN BLER curves which are obtained from link-level simulations [6]. 
While providing a complete network-level simulation is beyond the scope of this chapter, one 
aspect of it, i.e. network layout generation and some popular methods for it are described below. 


4.6.1 Network Layout Generation 


Network layout is one of the primary components of any given system model. It essentially dictates 
the communication channel parameters such as path loss, fading, shadowing, etc. Furthermore, in 
conjunction with user distribution, it characterizes the system performance from the perspective 
of interference between different BSs. 


4.6.1.1 Hexagonal Grid 
Hexagonal grid is one of the most popular cellular layouts used in communication systems. Even 
though it is not the most realistic since no cellular network has such a vivid hexagonal coverage, 


4.6 Multi-link vs. Network-level Simulations 


it enables an efficient coverage of a region without overlapping.* The following code snippet rep- 
resents the construction of a homogeneous single-tier cellular network. 


1 
2 angles = 0:30:360; sin_angles = sind(angles); cos_angles = cosd(angles) ; 
3. ISD = 250; 

4 size = 2*ISD/sqrt (3); 
5 tO_cellCntr = [0, 0]; 
6 scatter(tO_cellCntr(1), t0O_cellCntr(2), 'rs', 'filled') 
7 
8 hold on 
9 vrtcs_xCoord = t0_cellCntr(1) + (size/2).*cos_angles(1:2: ); 

10 

ll vrtcs_yCoord = t0_cellCntr(2) + (size/2).*sin_angles(1:2: Ve 


1s =tl_cellCntr_xCoord = t0_cellCntr(1) + (ISD) .*cos_angles (2:2: ies 
le tl_cellCntr_yCoord = t0_cellCntr(2) + (ISD).*sin_angles(2:2: ); 


17. scatter(tl_cellCntr_xCoord, tl_cellCntr_yCoord, 'g*', 'filled') 

18 

19 

20 usrLocs = unifrnd(-size/2, size/2, 2, 100); 

21 in = inpolygon(usrLocs(1,:),usrLocs(2,:),vrtcs_xCoord, vrtcs_yCoord) ; 
22 

23 plot(usrLocs(1,in), usrLocs(2,in),'b+', 'MarkerSize', 3) 

24 

25 

26 index = 1:length(t1l_cellCntr_xCoord) 

27 tl_vrtcs_xCoord = tl_cellCntr_xCoord(index) + 

28 (size/2).*cos_angles(1:2: ee 

29 tl_vrtcs_yCoord = tl_cellCntr_yCoord(index) + 

30 (size/2).*sin_angles(1:2: Wa 

31 plot (tl_vrtcs_xCoord, tl_vrtcs_yCoord, 'k-') 

32 

33 legend('Tier-O Base Station', 'Tier-1 Base Station', 'User Location', 
34 ‘Cell Boundary") 


The single-tier network is centered at the origin, with six hexagonal cells of the first tier surround- 
ing the central cell, as shown in Figure 4.10. The variable “ISD” in the given code snippet represents 
the distance between centers of adjoining cells. Using the hexagonal geometry and angles, locations 
of vertices are calculated for each cell and plotted. Furthermore, the user locations represented by 
“+” sions in Figure 4.10 are generated from a uniform distribution. For this purpose, we have uti- 
lized the rejection method [7], where a number of points are generated in a square grid (easier to do 
with uniform distribution) and then checked against the boundaries of the central hexagon. Later, 
only the points lying within the hexagon’s boundary are kept as user locations. 


4.6.1.2 PPP-based Network Layout 
A Poisson point process (PPP) is used to describe a random collection of points in a given space. 
The concept has been used in various domains, including telecommunications [8]. Referred to as 
spatial point process, this approach generalizes the PPP to 2-D and 3-D space and can be used to 
model the node locations in a wireless network [9]. Since the process is governed by a probability 
distribution, it allows the use of stochastic geometry methods to analyze the network behavior over 
its various spatial realizations. 

Given below is the code snippet generating both BSs and UEs using a PPP. The only parameter 
that a PPP needs is A, which represents the density of nodes in the unit area. 


3 Square-shaped cells can also provide complete coverage without overlapping, but a larger number of them would 
be required. 
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r_total = 0.4; 
areaTotal=pi*r_total*2; 


1 
2 
3 
4 
5 © UB's = 0.1; area_UEs = pi*r_UEs“*2; 
6 
7 int pr ster 
8 lambda_BS = 40; lambda_UE = 6000; 

9 


11 numbPoints_bs = poissrnd(areaTotal*lambda_BS) ; 

122 theta_bs = 2*pi*(rand(numbPoints_bs,1)); 

13. rho_bs = r_total*sqrt(rand(numbPoints_bs,1))j; 

144 [Loc_BS(:,1),Loc_BS(:,2)] = pol2cart (theta_bs, rho_bs) ; 
15 x 3 t 

16 voronoi(Loc_BS(:,1),Loc_BS(:,2),'ks') 

17. hold on 


19 sne in Es l ( a , 
20 numbPoints_ue = poissrnd(area_UEs*lambda_UE) ; 


21 theta_ue = 2*pi*(rand(numbPoints_ue,1)); 

22 rho_ue = r_UEs*sqrt(rand(numbPoints_ue,1)); 

23 [Loc_UE(:,1),Loc_UE(:,2)] = pol2cart (theta_ue, rho_ue) ; 

24 plot (Loc_UE(:,1),Loc_UE(:,2), 'k +', 'MarkerSize', 2); 

25 legend('BS locations', 'Voronoi Boundaries "UE locations' ) 


2e axis([-0.4 0.4 -0.4 0.4]) 


Figure 4.11 shows the network layout generated as a result of the above-mentioned code. Here, 
the BSs are located within a disk of radius 0.4 km, centered at the origin, while the UEs are within 
a disk of 0.1 km radius. In certain network depictions [10], it is possible to have different UE distri- 
butions at the same time, e.g. a higher density of users can be used to represent a hotspot scenario 
with a lower density of users away from the center depicts the non-hotspot users. A Voronoi dia- 
gram is used to represent the cell boundaries such that the points inside each cell are closest to 
their own BS out of all BSs. 
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Figure 4.11 PPP-based network and user layout. 


4.7 Practical Issues 


This section gives an overview of some of the practical aspects of simulation. We start by looking 
at the concept behind the widely popular Monte Carlo methods. Later, we look at certain tips or 
rules-of-thumbs related to simulations, particularly about the sufficiency of statistics and corre- 
sponding stopping criteria. 


4.7.1 Monte Carlo Simulations 


Monte Carlo class of methods/techniques take their name from the notorious Monte Carlo casino 
and are used for applications that involve random processes. These methods form the basis of sim- 
ulations where the input of a system is random. Simulation involving the calculation of BER, as 
discussed in Chapter 2, is a classical example of a Monte Carlo simulation. This can be generalized 
to a scenario where one or more random inputs are fed to a system (or any part of it) to get an out- 
put, as shown in Figure 4.12. W(t) and X(t) are random processes that form the input to a certain 
(sub)system.* As a result of the randomness of the inputs, even if the system itself is deterministic, 


W(t) 
: Communication Y(t) 
(sub)system 
model 
X(t) 


Figure 4.12 Illustration of the Monte Carlo simulation concept. 


4 Itis possible that only a subset of the inputs to the system are simulated as random while the others leverage 
analytical methods, in which case we have a “Quasianalytical Monte Carlo Simulation.” 
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the output would have randomness in it. Hence, it is also modeled by a random process, denoted 
by Y(t). Carrying out Monte Carlo simulations allows us to evaluate the statistical properties of the 
output or any function of it. Generally, the statistics of interest include mean, variance, correlation, 
and so on. 

Since Monte Carlo methods are heavily dependent on the random numbers generated for various 
inputs, we take a quick look at this phenomenon next. 


4.7.2. Random Number Generation 


Random numbers or sequences are imperative in the simulation of communication systems. Their 
two most common applications include AWGN and random binary sequence, both of which are 
described below. The former serves as the simplest channel model with no impairments except the 
noise, while the latter is used to model the data bits after ADC conversion and coding. However, 
before we dive into their description it is important to note that in modeling and simulation a 
fundamental assumption often made for random processes is their ergodicity. This implies both 
wide and strict-sense stationarity, meaning the first- and second-order properties of the process are 
time-invariant. 


4.7.2.1 White Noise Generation 
As mentioned earlier, AWGN serves as the simplest channel model for communication, where 
(white) noise is the only impairment in the system. As the term Gaussian implies, this is modeled 
using the Gaussian or Normal PDF. The simplest implementation that can produce such numbers 
is the sum-of-uniform method which leverages the central limit theorem (CLT) [3].° 

Assuming the availability of Nz independent uniform random variables, U(i),i = 1, 2,...,Nz in 
the interval [0, 1], the Gaussian random variable can be calculated as: 


Nr 
Y = HWW - 1/2) (4.3) 
i=1 


A suitable value for Nz is 12, which provides a decent compromise between speed and accu- 
racy [1]. However, a higher value is preferable if computational resources are not severely limited. 
Other methods include mapping a Rayleigh random variable to a Gaussian one using mathematical 
transform; however, we will not discuss it here. 


4.7.2.2. Random Binary Sequence 

As mentioned earlier, these random binary sequences are generally used to model the data bits 
that serve as the input for a communication system. Such a sequence ideally consists of an inde- 
pendent sequence of equiprobable 0’s and 1’s. However, achieving a truly random sequence via 
simulation is simply not possible. What we have are “pseudorandom” periodic binary sequences 
with an autocorrelation function similar to that of a truly random sequence. 

These pseudorandom sequences are generally generated using feedback shift registers whose 
contents are logically combined to produce the sequence. Since this is a logical system, which is 
not truly random, it is in fact periodic. This period is dependent on the number of binary storage 
elements in feedback shift registers. 

Note: An important thing to consider in random number generation is the correlation between 
different samples. While in cases such as AWGN, the samples are meant to be uncorrelated, there 
might be scenarios where an arbitrary amount of correlation is required such as when modeling 
fading in a network [11]. 


5 CLT states that the PDF of the sum of a large number of i.i.d. variables approaches a Gaussian distribution. 


4.8 Issues/Limitations of Simulations 


4.7.3. Values of Simulation Parameters 


Proper selection of the simulation parameters is critical in ensuring the validity and usefulness of 
the obtained results. Considering the example given in Section 4.5, the BER performance can be 
studied as a function of the SNR. However, the assumed SNR values need to be realistic. The typical 
range of SNR values used in simulations is from 0 to 30 dB. Closely related with SNR are the 
consequent BLER or PER, which form part of the simulation parameters. For instance, the PER 
requirement for conversational voice (10-7) varies significantly from what is needed for low-latency 
augmented reality applications (10~°) [12]. Therefore, it is advisable to select the parameters such 
as PER and SNR according to the specific application and scenario rather than using a very wide 
range of values, which will lead to unnecessary computational (and storage) overhead. 


4.7.4 Confidence Interval 


Confidence interval refers to the probability that an estimate falls within a given range. This is also 
applicable to the simulation models that are used to represent different blocks in the communica- 
tion system. The confidence interval gives a quantitative measure of how well this model compares 
with the desired model. Given below is the general expression used for confidence interval calcu- 
lation: 


Pr{I-B <I <1I+ 6} =1-a, (4.4) 


where f refers to the estimated value of I, and (1 — a) gives the probability that the estimate falls 
between I + f. Typical values for a are 0.01 and 0.05, which correspond to 99 and 95% confidence 
intervals, respectively. 


4.7.5 Convergence/Stopping Criterion 


The stopping criterion varies with the specific application/scenario being simulated. However, the 
basic principle is to ensure the availability of enough statistics to represent the real behavior of any 
system under given constraints. Both law of large numbers and CLT give credence to the use of a 
sufficiently high number of iterations to get a good approximation of the underlying phenomena. 
However, a designer needs to keep in mind the performance vs. complexity vs. time trade-off while 
deciding on this. This can be illustrated with the SNR vs BER simulation example provided in 
Chapter 2 (Section 2.1.3) where the simulation runs for a fixed number of samples for different 
values of SNR. However, in order to optimize the simulation, it is advisable to run it for a sufficient 
number of bit-errors instead of a fixed number since the number of iterations required to get the 
same number of bit-errors would vary significantly for different SNR values. Some cases might even 
necessitate a hybrid approach, i.e. the simulation may be stopped if an extremely large number of 
iterations is required to acquire the desired number of bit-errors. 


4.8 Issues/Limitations of Simulations 


The usefulness of any simulation is limited by its accuracy where accuracy refers to the similarity or 
closeness of the results produced by the simulation to the actual underlying behavior of the system 
under test. This lack of accuracy generates from two sources, i.e. inaccuracy in modeling or errors 
in processing. 
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4.8.1 Modeling Errors 


4.8.1.1 Errors in System Model 

Ifthe system model does not have a one-to-one mapping of the subsystems present in the actual sys- 
tem, some errors may arise. An approach used in this regard might be to combine cascaded linear 
devices together (filters, for instance) to streamline the system. On the other hand, there are cases 
where some blocks which have little impact on the simulation might be removed to reduce the 
complexity and runtime of the simulation. Antennas are a common example, they are rarely mod- 
eled unless the simulation is specifically dealing with them. Another example is the RF front-end, 
the constituents of which (and their impairments) are not modeled by assuming the presence of 
some catrier-tracking loops in the transceiver. 


4.8.1.2 Errors in Subsystem Model 
It is unfair to expect any model to represent its physical counterpart with 100% fidelity. However, 
it is possible to have an almost equivalent representation of the idealized model of the said compo- 
nent/block/subsystem. Moreover, it is not necessary to replicate the finest details of the behavior 
of the device as long as its effect on the system can be reproduced. 

One thing that should be kept in mind during the subsystem modeling is that estimating the 
cumulative effect of modeling errors for different subsystems is very difficult, therefore, validation 
of the models is imperative. 


4.8.1.3 Errors in Random Process Modeling 
This error originates due to the difference between the models of the random process and the real 
underlying phenomena. Signal and noise sources are primarily susceptible to this error. 

Two kinds of signals can be used in a simulation. One is a known test sequence while the other 
is an actual source. The former can be exactly generated in an error-free manner. In the latter case, 
the model needs to faithfully replicate the concerned source. If the source generates samples with 
some dependencies, they need to be incorporated into the model. 

In terms of noise, three possible sources are usually considered, namely, thermal, phase, and 
impulsive (shot) noise. Thermal noise is modeled as AWGN and can be assumed to be largely error- 
free. Phase noise, which results from VCO’s imperfections, is not completely understood or explic- 
itly modeled. Its effect, however, can be modeled as Gaussian. Impulsive or shot noise represents 
human activity and noise in optical detectors. Random number generators with proper parameters 
can emulate this type of noise quite well. 


4.8.2 Processing Errors 


Processing errors generally occur due to computing limitations such as memory, speed, processing, 
and precision. Discrete-time representation of continuous signals is an example, where the perfect 
capturing of the signal would need infinite resources. The numerical approaches used, therefore, 
introduce some uncertainty into the system. 

The sampling of continuous signals leads to aliasing error; however, this error is negligible as 
compared to the actual noise present for the typical error rates (around 10~-°) in digital commu- 
nication systems. Sampling rates between 8 and 16 samples per symbol are generally adequate to 
address this. The truncation of the filter’s impulse response is another source of error for the simu- 
lation. The amount of error is related to the truncated length. It is recommended that the designer 
investigates this trade-off since it is possible to find a suitable compromise between both. 
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The processing and speed limitations, on the other hand, can inhibit the ability of Monte 
Carlo simulations to be carried out long enough for statistical stability. As mentioned earlier (in 
Section 4.4.2), this is more evident in the case of low BER scenarios where a higher number of 
simulation iterations are required to get a sufficient number of errors. 


4.9 Conclusions 


This chapter aims to introduce readers to basic knowledge of simulation regarding wireless systems. 
Apart from describing different blocks of a wireless link, the general strategies regarding simula- 
tion are discussed. Moreover, the readers are given a flavor of network-level simulation from the 
perspective of the network layout. In the end, however, the authors would like to reiterate that 
the simulation is heavily dependent on the models being used both for the system blocks and ran- 
dom processes. Therefore, the proper selection of these, keeping in mind the time/computational 
limitation is extremely important in developing a suitable communication system simulation. 
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Radio frequency (RF) front-end, which is an important part of wireless transceivers, greatly influ- 
ences the system performance. Often, digital algorithm designers model the RF impairments as an 
additive white Gaussian noise (AWGN). However, understanding, modeling, and accurately sim- 
ulating the impact of RF impairments are necessary for proper design of wireless systems. The 
baseband equivalent impairment models characterize the influence of RF front-end effects on the 
digital baseband signal, which can be integrated into the system simulation setup and analytical 
studies. In this chapter, baseband equivalent models for various RF impairments are discussed. 
Also, the impacts of these impairments on the system performance are explained through various 
tools and measurements. 


5.1 Radio Impairment Sources 


An overly simplified typical radio transmitter and receiver is shown in Figure 5.1. In this figure, 
a heterodyne transmitter and receiver is shown. A heterodyne receiver translates the desired RF 
frequency to one or more intermediate frequencies before digital conversion [1]. However, direct 
conversion (zero IF or homodyne) transmission and receptions are also possible. A homodyne (no 
intermediate frequency) receiver translates the desired RF frequency directly to baseband for pro- 
cessing. Baseband signals are typically at frequencies much lower than the carrier frequencies. 
The range of frequencies for a basedband signal can include DC (zero Hz) all the way to the upper 
frequencies which depends on the data rate, pulse shape, and other signal and waveform design 
criteria. 

In the transmission side, the I (in-phase) and Q (quadrature-phase) channels are generated in the 
digital baseband processor depending on the desired waveform and standard requirements. Typi- 
cally, the waveform generation includes source coding to represent the source with as minimum 
number of bits as possible (e.g. vocoder are used for speech coding); channel coding for protect- 
ing the transmitted bits against the harsh radio channel (e.g. forward error correction encoding 
and cyclic redundancy check encoding); interleaving to protect the bits against the deep fades; 
bits-to-symbol mapping, which is the mapping of the bits to in-phase and quadrature-phase (I/Q) 
plane; upsampling to satisfy the Nyquist criterion (often the bandwidth of the signal is greater than 
the symbol rate, therefore, upsampling is necessary), and pulse shaping to contain the transmis- 
sion to a minimal possible bandwidth (increases spectral efficiency). The digital I/Q signal is then 
passed through I/Q modulator to modulate the I and Q carriers at the intermediate frequencies (IF) 
frequencies. In this specific figure, IF is analog (I/Q modulation implemented with analog hard- 
ware is very common in digital radios). The current trend, with software defined radio (SDR) and 
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Figure 5.1 Illustration of a basic digital radio system components. 


cognitive radio-based transceivers, is to shift the IF to digital domain where the functionalities can 
be implemented using digital signal processing (DSP) techniques. If IF is done in DSP, then, the 
digital-to-analog converter (DAC) will be after the I/Q modulator. The IF signal is further mixed 
to RF frequencies in the RF part. The RF signal is then amplified and transmitted through the 
transmitter antenna over the wireless medium [2, 3]. 

Wireless medium is a very harsh environment for radio signals. Transmitted signals are typically 
reflected and scattered, arriving at the receiver along multiple paths. When these paths have similar 
delays, they add either constructively or destructively, giving rise to fading [4]. When these paths 
have very different delays, they appear as signal echoes. Due to the mobility of the transmitter, the 
receiver, or the scattering objects, the channel changes over time. In addition to all these, inter- 
ference from other transmitters, and noise will be added to the transmitted signal. The receiver 
receives corrupted transmitted signal along with other interference and noise signals. Due to the 
path loss and fading, the received signal is often not powerful enough for processing. Low-Noise 
Amplifier is used to enhance the power of the received signal. Due to the random nature of fading, 
the received signal will have a wide dynamic range. Automatic gain controller (AGC) adjusts the 
received signal level so that roughly constant signal input is provided to the rest of the receiver 
front-end. Since the multipath and mobility introduce rapid variations to the signal amplitude lev- 
els, the AGC should respond these variation quickly. The rest of the process is reciprocal of what is 
done at the transmitter, where the RF signal is filtered, down-converted from RF frequencies to IF 
frequency and passed through I/Q demodulator to extract the baseband analog I and Q waveforms, 


5.1 Radio Impairment Sources 


then, these baseband analog waveforms are digitized to be processed using digital baseband signal 
processing techniques in a DSP or field programmable gate array (FPGA) platform. 


The performance of the overall system heavily depends on the transmitter, receiver, and oper- 


ating channel conditions [5, 6]. Every stage in the transmitter and receiver chain adds noise and 
impairments to the signal. Some of the critical impairment sources can be listed as: 


I/Q modulators and demodulators — modulate and combine two quadrature carriers, 90° out 
of phase, with signals in the I and Q branch; extract the I and Q branches of a combined signal 
using quadrature carriers [7]. A pair of periodic signals are said to be in “quadrature” when they 
differ in phase by 90°. The “in-phase” signal is referred to as “I,” and the signal that is shifted by 
90° (the signal in quadrature) is called “Q.” The I/Q modulator feature a quadrature modulator 
that accepts I(t) and Q(t) signals which it then uses to amplitude modulate a pair of quadrature 
sinusoids followed by a combiner (that adds the outputs of I and Q branch) to create the modu- 
lated higher frequency output. Similarly, I/Q demodulator converts the incoming high-frequency 
signal into their I and Q components. 

Local oscillators (LO) - generate periodic sinusoidal waves. The local oscillator is a reference 
signal required for mixer to enable frequency translation. Frequency accuracy and stability are 
determined by the local oscillators of the transceivers. Imperfect carrier synchronization in the 
receiver produces constant or slowly time-varying phase error, which usually can be corrected 
by baseband processing afterward. The short-term instability of the oscillators appear as phase 
noise, and it is very critical for the RF performance of both the transmitter and receiver. 
Mixers - perform frequency translation by multiplying two signals; frequency conversion or 
heterodyning. The translation uses a local oscillator (LO) as described above. A follow-up filter 
selects either the higher or lower (sum or difference) output frequency. One frequency is passed 
while the other is rejected. Selecting the higher frequency is up-conversion; selecting the lower 
frequency is down-conversion. 

Filters — clean undesired signals from the desired ones by allowing only the desired signal pass 
through it. The filter blocks signals outside of the passband. The blocked area is known as the 
stopband. The perfect filter passes desired signals with a flat response and infinitely attenuates 
signals in the stopband. Practical filters have a gradual roll-off in the transition region from the 
passband to the stopband, some ripples in the passband and leakage in the stopband. 
Antennas - convert electrical signals into electromagnetic waves and vice versa. Antennas 
are characterized by a number of performance parameters, such as bandwidth, gain, radiation 
efficiency, beamwidth, beam efficiency, radiation loss, and resistive loss. Antenna gain is often 
defined relative to a theoretical ideal isotropic antenna that radiates energy equally in all direc- 
tions. A directional antenna with 10 dBi of antenna gain produces an RF signal with 10 times 
the power density compared to an isotropic antenna in the direction of maximum transmission. 
Antennas with gains can be used to utilize the power efficiently, extend the coverage, and 
minimize interference for other users. Directional antennas and beamforming are especially 
more important in high frequencies where path loss is severe. Radiation pattern is the geo- 
graphical distribution of power radiated by the antenna and bandwidth of antenna is range of 
frequencies (on either side of center frequency) where antenna characteristics (like beamwidth, 
gain, polarization, etc.) are within acceptable values. Antenna beamwidth is the angle formed 
by the radiating field where the electric field strength or radiation pattern is 3 dB less than 
its maximum value. Antenna main lobe is the energy traveling in the primary direction of 
propagation. Energy traveling to the sides of the primary propagation direction is called side 
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lobe energy. Antenna matching circuit matches the antenna output impedance to the receiver 
to minimize the loss and improve the noise figure. 

e Amplifiers — power amplifier (PA) and low-noise amplifier (LNA) - boost the input power of a 
signal. LNA is designed to take a very low-level signal at the receiver (after a very lossy medium 
including wireless channel) and amplify it with minimal additive noise. A low noise amplifier 
cannot increase signal-to-noise ratio (SNR), it can only raise the power level of both signal and 
noise. The signal at the output of the LNA should be sufficiently large to enable a detectable 
voltage range. A power amplifier, on the other hand, takes a signal that is already at a relatively 
high level and boosts it for transmission over a lossy medium such as wireless channel. The 
nonlinear behavior of the amplifier is described in many ways and ultimately manifests as both 
degraded signal quality and legally restricted signal leakage into adjacent channels, as described 
by the Adjacent Channel Power Ratio (ACPR). 

e ADC and DAC - provide an interface between the analog and digital world and converts analog 
signals to digital or vice versa. An ADC uses sampling to make instantaneous measurements of an 
analog input signal over its voltage range, converting those measurements into digital words with 
resolution equal to the converter’s number of bits. The sampling rate takes place at the frequency 
(or multiple of that frequency) of the clock oscillator used for timing the ADC. A DAC essentially 
does the opposite, converting digital input code into analog output signals. The resolution of a 
converter is expressed in the number of bits. For an ADC, the resolution states the number of 
intervals or levels which can be divided from a certain analog input range. An n-bit ADC has 
the resolution of 1/2n. The speed of a converter is expressed by the sampling frequency. It is the 
number of times that the converter samples the analog signal, its unit is Hertz (Hz). 

e Signal processors - DSP or FPGA - are hardware platforms for implementing radio function- 
alitie using digital signal processing techniques. DSP functions are commonly implemented on 
two types of programmable platforms: digital signal processors (DSPs) and field programmable 
gate arrays (FPGAs). DSPs are specialized processors which are optimized for implementation 
of DSP algorithms, while FPGAs are highly configurable hardware that offer a range of logic 
resources such as configurable logic cells. FPGAs are programmed using designs which configure 
and connect the logic resources to implement the desired algorithm. 


Proper design of the transmitters and receivers require a good understanding of the impairment 
sources and their models. Often, optimizing the design of a communications transceivers is inher- 
ently a process of compromise. Noise limits the smallest signals that a receiver system is capable 
of processing. The largest signal is limited by distortions due to nonlinearity of transceiver circuits. 
The smallest and largest signals define the dynamic range of the receiver system. 


5.2 IQ Modulation Impairments 


The transmitted signal, that goes through the I/Q vector modulator, experiences several levels of 
signal distortion due to imperfection in the modulator. These distortions can greatly affect the per- 
formance of the received signal and the overall system performance. 

The major I/Q impairments can be classified as I/Q offset, I/Q gain imbalance, and I/Q 
quadrature-error. A model for I/Q impairment in I/Q modulator is given in Figure 5.2. Note 
that the I/Q impairments in the received signal will have quite different impact depending on 
the modulation format. For example, the impact on orthogonal frequency division multiplexing 
(OFDM)-based systems will be different compared to the conventional single-carrier systems [8]. 


5.2 1Q Modulation Impairments | 103 


Figure 5.2 Block diagram of I/Q modulator 
impairment models. The imbalance can be 
measured as percentage, 

!Qimbatance = {= — 1} * 100%, or as ratio, 

20 log(+) dB. The quadrature error is 
measured in degree. The offset values can 
also be measured as percentage or in ratio. 


1/Q Offset, also called I/Q origin offset or carrier leakage, indicates the magnitude of the carrier 
feedthrough. I/Q Offset can be observed as an offset (shift) in the constellation. The offset is mainly 
caused by the mixers and by DC signals introduced through the additional IF amplifiers. Gain mis- 
match or gain imbalance will result in the amplitude of one channel being smaller than the other. 
Differences in the parasitic capacitances and inductances along the printed circuit board traces 
for the I and Q signal paths can cause such I/Q imbalances. Component and design variations in 
the baseband and front-end integrated circuits, amplitude errors in the DACs, and inconsistencies 
between each of the analog mixers can also cause I/Q imbalances. By comparing the gain of the I 
signal with the gain of the Q signal, 20 log(I,/Q,), the I/Q gain imbalance can be obtained. Base- 
band representation of the transmitter I/Q origin offset and I/Q gain imbalance that are introduced 
into time-domain signal can be given as: 


Vin = TR {XM} +JQS{H nD} + Io +IQo (5.1) 


where R {-} is the real part and %{-} is the imaginary part ofa signal. When I, = Q,, the I/Q imbal- 
ance will be zero, and when both J, and Q, are zero, there will not be any I/Q offset. 

Quadrature Skew Error indicates the orthogonal error between the I and Q signals. Ideally, I and 
Q channels should be exactly orthogonal (90° apart). When the orthogonality is not ideal (less or 
more than 90° apart, 90 + y), then a quadrature error is observed, resulting in significant problems 
at the receiver. The source of the quadrature error is typically due to LO splitter, which divides the 
LO into an in-phase and a quadrature-phase signals. 

The time-domain signal at the output of I/Q modulator with quadrature error can be given as: 


X(n) = cos(2zf.)R{x(n)} + sin(2zf.t + w)S{x(n)}, (5.2) 


where y is the deviation amount from the perfect quadrature (i.e. the quadrature error in angle). 
Note that in this analysis, we assume the error is in Q branch for simplicity. However, it can be in I 
branch or in both. But, at the end, as will be shown later, what we care is the amount of deviation 
from the perfect quadrature. 

Let’s assume that the I/Q demodulator at the receiver has perfect quadrature, and the goal is to 
measure the error caused by the I/Q modulator at the transmitter [9]. Ignoring the other impair- 
ments and channel effects initially, the received digital baseband signal after the I/Q demodulator, 
baseband receiver filtering, analog-to-digital conversion, and synchronization can be written as: 


X(n) = R{x(n)} + S{x(n)} sin) + jS{x(n)} cosy), (5.3) 


where in a special case of y = 0, then, X(n) = x(n). 
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Figure 5.3 Representation of I/Q impairments in single-carrier communication systems with QPSK 


modulation. Circles represent ideal constellations, stars represent the impaired constellations. (a) |/Q gain 
imbalance. (b) |/Q offset. (c) Quadrature offset. (d) Quadrature offset. 


Figure 5.3 shows the impact of I/Q impairments in single-carrier systems. The correspond- 
ing Matlab script is given below. As mentioned before, the impact of the I/Q impairments on 
multi-carrier systems (like OFDM) will be different. Figures 5.4 and 5.5 show the impact of I/Q 
gain imbalance and quadrature error on OFDM-based multi-carrier systems. The details of OFDM 
analysis will be given later in a separate chapter. 


N=1le3; 
M=4; L 
symb=qammod (floor (rand(1,N)*M) ,M); 


I_gain=1.3;Q_gain=0.8; 

symb_g_imb = I_gain*real(symb) + j*imag(symb)*Q_gain ; 
subplot (2,2,1) 

plot (real (symb_g_imb),imag(symb_g_imb),'*') 

title('(a) I/Q Gain Imbalance') 

hold on 

plot (real(symb),imag(symb),'0') 


T_o=0.21;Q_o=-0.15; 

symb_DC_of = real(symb) + j*imag(symb) +I_o+j*Q_o; 
subplot (2,2,2) 

plot (real (symb_DC_of),imag(symb_DC_of),'*') 
title('(b) I/0 offset') 

hold on 

plot (real(symb),imag(symb),'0') 


alp=-10; 
symb_DC_qo=real (symb) +imag(symb) *(sin(alp)+j*cos(alp) ); 
subplot (2,2,3) 

plot (real (symb_DC_qo),imag(symb_DC_qo),'*') 

title('(c) 
hold on 
plot (real(symb),imag(symb),'0') 


Quadrature offset') 
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Figure 5.4 Illustration of the effect I/Q gain imbalance in the constellation of the received symbols in 
OFDM-based WiMAX system. 
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Figure 5.5 Illustration of the effect of quadrature error in the constellation of the received symbols in 
OFDM-based WiMAX system. 
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5.3. PANonlinearities 


Power amplifiers (PAs) and LNAs are two of the essential components of wireless communication 
systems. PAs are used to amplify the signal before transmission so that the signal can reach to dis- 
tant receivers with a desired SNR. LNAs usually amplify the weak received signal (at the receiver) 
with noise. PAs can be divided into two major groups: linear and nonlinear PAs. Linear PAs have 
the advantage of high linearity which is very important for signals with a wide range of amplitude 
values. However, they suffer from poor power efficiency, limiting their applications in wireless com- 
munication systems. On the other hand, nonlinear PAs can achieve better efficiencies with poor 
linearity in their responses. The nonlinearity causes several problems like amplitude and phase 
distortion (AM-to-AM and AM-to-PM effects) and adjacent channel regrowth (i.e. broadening the 
signal bandwidth). Power back-off technique is widely used in current wireless communication 
systems (e.g. WLAN) to remedy the problems due to wide dynamic signal ranges [10, 11]. How- 
ever, this technique sacrifices the efficiency and increases the power consumption. On the other 
hand, baseband linearization techniques are utilized to pre-distort the signal and hence to com- 
pensate the nonlinear effects [12-14]. The efficiency and adaptation of linearization algorithms 
are, therefore, very important. Depending on the mode of operation and transmitted waveform 
characteristics, the linearization algorithms need to be adapted. Digital linearization techniques 
are often based on a feedback scheme and therefore able to react to drifts of the nonlinear power 
PAs. Since PAs are the major source of power consumption and heat generation in radios, PAs can 
operate in different power level modes such as high- and low-power modes to save power. 

PAs typically operate as a linear device for a small signal (over its linear gain region). However, 
when the input power is increased, PA operates as a nonlinear device and starts to distort the trans- 
mitted signal. The linear and nonlinear operating region of a PA can be defined by a saturation point 
of an amplifier, where at the saturation point the gain of output signal is reduced by 1 dB, which is 
also known as 1-dB compression point (see Figure 5.6). 

The impact of PAs and related issues have gained a lot of attention recently, especially in 
multi-carrier systems [15, 16]. One of the major problems with OFDM modulation technique is 
that it has high peak-to-average power ratio (PAPR) that requires the PAs used in the system to 
have a large linear operation range to keep the distortion at minimum. 


Linear gain aa 


Output Non-linear gain 


Compression point 


Input 


Figure 5.6 Illustration of the PA nonlinearity. In order to minimize power consumption and operate at the 
highest efficiency, a PA is ideally operated close to its saturation point. The nonlinearity associated with 
amplifier saturation can then lead to harmonic distortion, intermodulation distortion and spectral regrowth, 
cross-modulation, SNR degradation, and modulation inaccuracy. 


5.3 PA Nonlinearities 


The impairment caused by PAs is related to the PAPR measurement. Discrete-time PAPR of mth 
OFDM symbol x,, is defined as [15] 


PAPR,, = max [Xm(M)|"/E{Xm(™)|"}. (5.4) 


where E{-} represents the expected value operation. Although the PAPR is very large for OFDM, 
high magnitude peaks occur relatively rarely and most of the transmitted power is concentrated 
in signals of low amplitude, e.g. maximum PAPR for an OFDM system with 32 carriers and QPSK 
modulation will be observed statistically only once in 3.7 million years if the duration of an OFDM 
symbol is 100 ps [16]. Therefore, the statistical distribution of the PAPR should be taken into 
account. 

One of the classical and most often used nonlinear model of PA is Saleh’s model [17]. It is a 
simple nonlinear model without memory and it is defined by only two parameters a and f. The 
model uses two functions to model the AM-to-PM and AM-to-AM characteristics of nonlinear 
amplifiers and for each function, the parameters are different. For a specific PA and for each func- 
tion, the two parameters (a and f) can be extracted using a least squares (LS) approximation to 
minimize the relative error between the measurements of the target PA and the values predicted 
by the model. The amplitude and phase equations determining the distortions can be written as: 


A,r 


A(r) = ———., 5.5 
= oa A,r (5.5) 
and 
Por) = 2 66) 
= 1+ Bpr2’ ; 
where r(t) represents the envelope of the input signal S,,,(t) 
Sin(t) = r(t) cos(2zf,t + w(0), (5.7) 


f. is the carrier frequency and y(t) is the phase of the input signal. The output of PA, S,,,,(f), can 
be written as: 


Sour = A (r (1) cos (2af,t + y(t) + P(r (d)) . (5.8) 


The following Matlab code provides the responses of the Saleh’s PA model with respect to input 
voltage level with the a and # parameters corresponding to a traveling-wave tube (TWT) amplifier 
discussed in [17]. The corresponding plots are given in Figure 5.7. 
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Figure 5.7. AM-AM and AM-PM response of TWT amplifier. 
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alpha_A=2.1587; 
beta_A= 1.1517; 
alpha_P=4.033; 
beta_P=9.1040; 
ind=0; 
kk=0:.1:2 

frame=kk; 
ind=ind+1; 


[a,b,c]=plo 
xlabel('In Amplitude') 
ylabel('Output Amplitude' 
set (get (a(2) 


tyy (0: 


put 


,'Ylabel'),'String' 


1:2,amp_f,0:.1:2,angle_ 


amp_f (ind) =(alpha_A*abs (frame) )./(1+beta_A*abs (frame) .*2); 
angle_f (ind)=(alpha_P*abs (frame) .*2)./(1+beta_P*abs (frame). 


“2)3 


£*180/pi) 


se (Degree) ') 


In the following Matlab code, a simple OFDM waveform is generated to test the impact of PA 
on the modulated signal. The OFDM waveform input parameters, like the fast Fourier transform 
(FFT) size, the modulation type, input power, etc., can be changed to see the impact with various 
design parameters. The generated baseband signal is passed through the PA. The output of PA can 
be inspected to see the impact of PA on the waveform. In Figure 5.8, the effect of PA nonlinearity is 
shown in frequency domain, time domain, and modulation domain. In the spectral plot, you can 
see the spectral leakage of the input and output signal. If we normalize the adjacent channel power 
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Impact of PA on OFDM-based waveform. (a) Impact of PA on spectrum. (b) Spectrum of input 


signal. (c) Impact of PA on in-band interference. (d) CCDF. 


5.3 PA Nonlinearities 


with in-band power, you can see that the PA output has much larger adjacent channel power. In 
the constellation diagram, the impact of PA on the symbols can be seen clearly. Instead of seeing a 
clean constellation, due to the in-band interference caused by PA, the constellation looks very noisy 
(the points around the origin is due to the unused carrier which needs to be ignored at this point). 
Finally, in complementary cumulative distribution function (CCDF) graph, you can see the power 
saturation effect of the output power when compared to input power. If the PA were to operate 
in linear region (without saturation), similar CCDF plots could have been observed. Due to the 
saturation of the output power, it can be seen from the CCDF curve clearly that the output power 
does not exceed 4 dB above the average power. On the other hand, in the input power CCDF curve, 
the power levels exceeding even 8 dB above the average power can be observed. 


1 
2 

3. MM=1e3; 

4 frame=[]; 

5 N=1024; 

6 CP_size=1/4; 

7 ii=1:MM 

8 symb= gqammod( floor(rand(1,N)*4) ,4); 

9 used_subc_indices=256:1:N-256; 

10 to_ifft=zeros(1,N); 

1 to_ifft (used_subc_indices) =symb(used_subc_indices) ; 
12 time=ifft (to_ifft); 

13 time_cp=[time ( -N*CP_sizetl: ) time]; 

14 frame=[frame time_cp]; 


le frame=frame*10; 


19 =alpha_A=11.534; 

20 beta_A= 1.6242; 

21 alpha_P=11.431; 

22 beta_P=39.071; 

23 amp_f=(alpha_A*abs (frame) )./(1+beta_A*abs (frame) .*2); 

24 angle_f=(alpha_P*abs (frame) .*2)./(1+beta_P*abs (frame) .*2); 
2 f_dist=(amp_f./abs(frame)).*frame.*exp(j*angle_f); 

2 «subplot (2,2,1) 

27 =~ [Pxx1,F]=pwelch(f_dist, [],[],2048,1,'t 
28 Pxx1l=Pxx1./ sqrt (sum(abs(Pxx1).*2)); 

29 plot (F,10*log10(Pxx1) ) 
30 xlabel('Norm i d Frequency') 
31 ylabel(' 
32. title(' (< In 
33 subplot(2,2,2) 

34. [Pxx2,F]=pwelch(frame, [],[],2048,1, 'twosided'); 
35 Pxx2=Pxx2./ sqrt (sum(abs(Pxx2).*2)); 

36 plot(F,10*1log10(Pxx2) ) 

37. xlabel(' U 
38 ylabel(' (dB/Hz)"') 
39 «=title('(b) pectrum of Input Signal') 

40 subplot(2,2,3) 

41 rx=f_dist (N*CP_size+1:N*CP_size+N) ; 

42 rx_f=fft (rx); 

43 plot(real(rx_f),imag(rx_f),'0') 

44 title('(c) Impact of PA on in-band interference') 

45 subplot(2,2,4) 

46 [x,y]=hist (abs(f_dist) .*2/mean(abs(f_dist).*2),100); 
47 semilogy(10*1log10(y),1-cumsum(x/sum(x) ) ) 

48 hold 

49 [x,y]=hist (abs(frame) .*2/mean(abs (frame) .*2),100); 

50 semilogy(10*log10(y),1-cumsum(x/sum(x)),'—') 

51 xlabel('; ean AB?) 

52. ylabel(' ybability') 

53 legend('PA output','PA input') 

54 title('(d) CCDF') 
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5.4. Phase Noise and Time Jitter 


Phase noise is introduced by local oscillator in any transceiver and can be interpreted as a parasitic 
phase modulation in the oscillator’s signal. The phase noise is popularly modeled as Wiener-Levy 
(random walk) process (from one symbol to another) [18-20], and the process can be given as: 


Pm = Pin-1 + Wm> (5.9) 


where w,, is referred as the step size of the walk and modeled with zero mean Gaussian random 
variable with a variance of 2xfT, where fT represents the relative (with respect to symbol rate) 
two-sided 3-dB bandwidth (i.e. the frequency spacing between 3 dB points of its Lorentzian power 
spectral density [18-21]). The single-sided power spectrum of the phase noise which can be mod- 
eled with a first-order low-pass filter can be given as: 


sip= A. (5.10) 


The phase noise can be assumed to be constant within a symbol duration if the oscillators band- 
width is much smaller than the symbol rate (i.e. T << 1). 

For the sake of simplicity, if we assume the channel is flat (with a gain of one and phase of zero) 
and the signal is only effected by phase noise ¢(n) at the receiver, the received time domain signal 
can be written as: 


Vong) = Xp (njelen™, (5.11) 


The following Matlab code generates phase noise and integrates it to the signal. 


1 
2 

3 N=1e3; 

4 sps=8; 

5 RMS_deg=5; 
6 fill=rcosine(1,sps, 'normal',0.3); 

7 M=4; 

8 symb= gqammod(floor(rand(1,N)*M),M); 
9 u_frame=upsample(symb, sps); 

lo sgnl_tx = conv(fill,u_frame) ; 


12. Wn=1/ (5000); 

1440~=Oo [B, A] = butter(1, Wn); 
17 N=length(sgnl_tx); 

1g noise=randn(1,N); 


20 dummy= filter(B,A,[1 zeros([1,N])]); 
21 norm_fac=sqrt (sum(abs (dummy) .*2)); 


23 Pn=filter(B,A,noise); 
24 Pn=Pn/norm_fac; 
25 Phase_noise=exp (j*Pn*RMS_deg* (pi/180)); 


28 Noisy_signal = sgnl_tx .* Phase_noise; 
29 eyediagram(Noisy_signal,sps*2) 


The power spectrum of an ideal oscillator would have a sharp impulse-like shape at the desired 
frequency. However, when there is phase noise in the system, the spectrum will be broader and 
has Lorentzian shape [21]. The ratio of the peak carrier signal to the noise at a specific offset to 
the carrier characterizes the phase noise (see Figure 5.9). The performance of local oscillator is 
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Figure 5.9 Ideal and practical oscillator’s spectrum and illustration of phase noise effect in the practical 
oscillator’s spectrum. 


Figure 5.10 Characterizing the phase noise 

response at a specific frequency around the Power 
central frequency. Double-sideband (DSB) phase 

noise plot of the source is shown in the figure. 


Frequency 


usually characterized by measuring the sideband noise of the output signal center frequency. The 
phase noise is typically specified in terms of dBc/Hz at a specific frequency offset from the carrier 
frequency as shown in Figure 5.10. The single-sideband phase noise expression can be written as: 


Pf, + 
L(F,,) = 10 * log) eo dBc/Hz, (5.12) 


where f,,, is the sideband frequency and f, is the frequency of the carrier signal. As mentioned above, 
the expression is normalized to a 1 Hz bandwidth, where dBc indicates the power level referenced 
to the carrier power level in dBm. 

Effect of random phase noise on the constellation diagram for single-carrier systems is shown 
in Figure 5.11. If the phase noise is constant over a block of data (or burst), then the effect will 
be a phase rotation of the symbols. Chanel estimation can estimate this phase rotation and it can 
be corrected easily by derotating the received samples by the estimated phase offset. However, if 
the phase noise is randomly changing very fast where the channel estimators cannot track the 
variation, then it will cause an arc around the true constellation points, leading to modulation 
errors [22, 23]. 

Phase noise in OFDM systems is very critical. If it is a constant phase noise over an OFDM sym- 
bol, then the problem is easy to handle as it only causes a fixed phase rotation on the symbols. By 
inserting pilot carriers, this constant phase rotation can be estimated and corrected. On the other 
hand, if the phase noise is randomly changing over an OFDM symbol, then it will cause spread- 
ing the carriers, leading to loss of orthogonality and hence inter-carrier interference (ICI). ICI will 
cause modulation errors. The impact of phase noise on the OFDM carriers is shown in Figure 5.12. 

Jitter is defined as the short-term variations of a digital signal’s significant instants from their 
ideal positions in time. For example, in digital communication receiver, the significant instants 
could be the optimum sampling instants. The deviation of the sampling timing due to jitter causes 
degradation in error vector magnitude (EVM) and bit-error-rate (BER) performance of the system. 
Eye diagram is an excellent way of visualizing the time jitter. Jitter can be expressed in absolute 
time or normalized to a unit interval (UJ), like the symbol duration. It can be quantified with its 
average, peak, and peak-to-peak values. 
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Figure 5.12 Simplified illustration of the impact of random phase noise on the OFDM carriers. 


Jitter can be divided into two fundamental types: random jitter (which is often caused by thermal 
noise) and deterministic jitter (which is caused by process or component interactions in the system). 
Randon jitter is unpredictable and has a Gaussian probability density function. On the other hand, 
deterministic jitter is predictable and bounded. 

Jitter and phase noise are different interpretations of the same underlying phenomenon, one is 
the time-domain and the other is the frequency-domain interpretation. Jitter can be characterized 
in the time domain by its distribution histogram, and phase noise can be characterized by its power 
spectrum. 


5.5 Frequency Offset 


Frequency offset is caused by the local oscillator mismatches between the transmitter and the 
receiver and wrong carrier synchronization. There are no two perfect oscillators in the transmitter 
and receiver which will not cause any frequency offset. Therefore, in each wireless communication 
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system, there will be a frequency offset to deal with. The frequency offset to a baseband model of a 
signal x(n) can be introduced as: 


j2afon 


X(n)=x(nje& , (5.13) 


where f, is the sampling frequency, and f, is the frequency offset value. 

Frequency offset causes a phase rotation in the constellation diagram in single-carrier systems. 
The amount of rotation introduced to each constellation point is dependent on the frequency offset 
value and the sample index, and it keeps growing. Due to the growing phase rotations, the constel- 
lation diagram forms a circular shape. When the signal is downsampled, with a good SNR value 
and in a flat-fading channel, the constellation diagram can be interpreted as rings. The amount of 
phase rotation between samples of the same distance is the same since the frequency offset value 
is constant for the entire received signal. Frequency offset is a very critical factor in OFDM system 
design. It results in ICI and destroys the orthogonality of subcarriers [24, 25]. 


5.6 ADC/DAC Impairments 


Analog-to-digital converter (ADC) and DAC constitute the interface (boundary) between the ana- 
log and digital world. A typical ADC consists of a sampler followed by a quantizer. Sampling rate 
is one of the important features of ADCs. One of the limitations toward ideal SDR is the sampling 
rate requirements as the bandwidth of the signal before ADC must be smaller than half of the 
sampling rate according to the Nyquist theorem. If we are working with a signal-containing fre- 
quency components from DC to some maximum frequency, f,,,,,, then the sampling rate, f,, must 
be equal to or greater than twice f,,,,,, Le. f, > 2 finax- Otherwise, a phenomenon called aliasing will 
occur. Often, the signals might contain components at high frequencies that are not essential for the 
integrity of it. Therefore, to avoid aliasing, the signal is low-pass filtered (sometimes also referred as 
anti-aliasing filtering) to remove high-frequency components and hence band-limiting the signal 
before sampling. 

Once the analog signal is properly sampled, the quantizer converts these discrete samples (with 
continuous amplitude levels) into bits with a word length. The word length determines the res- 
olution of ADC and also determines the quantization error. Each additional bit introduces 6 dB 
more dynamic range to the receiver (note that a factor of two means 6 dB for voltage quantity, 
20 log, (2) dB). In addition to the quantization noise, distortions due to the static and dynamic 
nonlinearity features of ADCs also affect the performance of ADC. Signal-to-noise-and-distortion 
(SINAD) is the ratio of the root-mean-square (rms) signal amplitude to the mean value of the 
root-sum-square of all other spectral components, including harmonics, but excluding DC. SINAD 
is a good indication of the overall dynamic performance of an ADC, because it includes all com- 
ponents which make up noise and distortion. Due to the distortions, the effective number of bits 
(ENOB) that specifies the dynamic performance of an ADC at a specific frequency, amplitude, and 
sampling rate will be different than what is expected from an ideal ADC that only includes the 
quantization noise. 

A generalized DAC structure consists of DAC register, resistor string and followed by output 
buffer amplifier blocks is given in [26]. We refer to [26, 27] for the basic operation of DAC. In a 
nutshell, a typical DAC converts the bits into a sequence of impulses that are then processed by a 
reconstruction filter using some form of interpolation to fill in data between the impulses. Similar 
to ADC, the main characteristics of DACs are resolution, maximum sampling rate, monotonicity, 
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dynamic range, and phase distortion. If we consider a system that converts an N-bit digital number 
into an analog signal that will range in value from V,,,,,, to V,,q,, the resolution 9 can be given as 


max? 
Vinox — Vii 
ga _max min . ( 5.14) 
2N-1 
where 2” is the number of levels in the system. Increasing the number of bits N used in each sample 
improves the resolution. 


5.7. Thermal Noise 


Thermal is common to most electrical components such as resistors, capacitors, inductors, and 
transistors. It is caused by the thermal excitement of electrons in electrical conductors and the 
noise power depends on the temperature and bandwidth, P = kTB, where k is Boltzmanzz’s 
constant 1.38 + 10-73 Joules/Kelvin. At a room temperature (68°F), the per hertz power will be 
—173.93 dBm/Hz. For 20 MHz of BW, the total noise BW will be P = —174 + 10 * log, )(20 * 10°) & 
—101 dBm. The thermal noise distribution is Gaussian in nature with a frequency-independent 
spectrum (often referred as white noise). 


5.8 RF Impairments and Interference 


Wireless communication systems are known to be limited by interference. There are several rea- 
sons for interference. Wireless channel is one of the main sources of interference, which will be 
discussed in detail in a later chapter. Another significant source of interference is RF impairments. 
The interference caused by RF impairments can be linear or nonlinear. Also, the impairments can 
cause self-interference, e.g. in the form of inter-symbol interference (ISI) and ICI, multiuser inter- 
ference in the form of adjacent channel interference (ACI). The interference can also depend on the 
type of waveform used in communication. In the following subsections, some of these interferences 
caused by RF impairments are discussed. 


5.8.1 Harmonics and Intermodulation Products 


Practical radio front-ends consist of several nonlinear components. Nonlinearity in RF and IF cir- 
cuits leads to two undesirable outcomes: harmonics and intermodulation distortion. Ifa sinusoidal 
signal with a frequency f, is applied to a nonlinear system, the output of the system includes fre- 
quency components at the integer multiples of the input frequency which are called harmonics, i.e. 
2f,, 3f,. 4f,, 5f;, etc., as illustrated in Figure 5.13. On the other hand, when two signals with different 
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Figure 5.13 Intermodulation products. 
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frequencies are applied to a nonlinear system, then the output of the system not only includes the 
harmonics of the input frequencies but also includes components at frequencies to the sums and 
differences of integer multiples of the input frequencies (+mf, + nf,), ie. f, +f, 2f, -—f, 26—-fi, 
3f, — 2f,, etc. To define the order, we add the harmonic multiplying constants of the two frequen- 
cies producing the intermodulation product IMD = +mf, = nf, the order is m + n). For example, 
f, —f; is second order, 2f, — f, is third order, 3f, — 2f, is fifth order, etc. Intermodulation distor- 
tion is often characterized by the third-order intermodulation and the performance is measured 
as third-order intercept point, IP,. IP, is defined as the intersection between the linear gain curve 
of the input signal and the third-order product curve of the input signal, as shown in Figure 5.14. 
Note that the slope of the fundamental tone and third-order intermodulation are not the same. The 
third-order intermodulation has three times bigger slope (in the linear region). If we extrapolated 
the lines from the linear region, the point at which they intersect will be the IP3. 

The interference to a signal due to third-order intermodulation of two nearby interferers is very 
common; therefore, third-order intermodulation and its characterization is very critical. IP3 deter- 
mines the maximum power level that the front-end can accept at the input before the third-order 
products become problematic (critically interfere with the desired signal). 

The following Matlab script explains the interference caused by the harmonics and intermodu- 
lation products clearly. Let’s assume a nonlinear device defined with the following function 


y(t) = 7x(t) — 0.095x3(t). (5.15) 
We feed the input of this device with a two tone bandpass signal as 

x(t) = cos(2 * aft) + 0.63 cos(2zf,1). (5.16) 
By increasing the input power of the signal, third-order harmonics and third-order intermodula- 


tions can be seen as shown in Figure 5.15. Figure 5.15b is the spectrum of the input signal with two 
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Figure 5.14 [llustration of third order intermodulation and IP3. 
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1 
2 £1=1000; 
3 £2=900; 
4 time=[0:1/8000:150]; 

5 x=0:0.01:6; 

6 y=7*x-0.095*x.%3; 

7 subplot (3,2,1) 

8 plot(x,y) 

9 xlabel('Input') 

lo ylabel('Output') 

ll x=cos(2*pi*fl*time)+0.63*cos(2*pi*f2*time) ; 
12. xg=x*0.1; 

13. y=7*xg-0.095*xg.*3; 

144 «subplot (3,2,2) 

15 pwelch(x) 

le subplot (3,2,3) 

17 pwelch(y) 

1 xg=x*0.5; 

19 y=7*xg-0.095*xg.*3; 

20 «subplot (3,2, 4) 

21 pwelch(y) 

22 xg=x*1.5; 

2. ~y=7*xg-0.095*xg.*3; 

24 «subplot (3,2,5) 

25 pwelch(y) 

26 =xg=x*15; 

27. y=7*xg-0.095*xg.*3; 

28 subplot (3,2,6) 

29 pwelch(y) 


tones. Figure 5.15c through fare the outputs of the nonlinear device with the input power increas- 
ing. As can be seen, as the input power increases, the harmonics and intermodulation products 
increase as well. 


5.8.2 Multiple Access Interference 


In wireless communication, spectrum is a very valuable resource and needs to be shared among 
multiple users needing communication. Signal separation could be achieved by exploring the prop- 
erty of orthogonality in at least one of the orthogonal domains in electrospace: frequency, time, 
code, space, modulation, etc., [28-30]. In the past, spectrum using frequency division multiple 
accessing (FDMA), time using time division multiple accessing (TDMA), code using code division 
multiple accessing (CDMA), angle using space division multiple accessing (SDMA), modulation 
using orthogonal frequency division multiple accessing (OFDMA), and geographical spacing 
(re-use) using cellular type of structure are used as orthogonal dimensions of electrospace to 
provide multiple users the ability to access the spectrum. For example, in FDMA, the spectrum 
is splitted into non-overlapping bands and users are assigned to these bands to achieve multiple 
accessing. Similarly, reuse of frequencies in different geographical locations allows multiple users 
to use the same spectrum over and over without interfering with each other. 

In a perfect world, at least in one of the dimensions of the electrospace, orthogonality is satis- 
fied. Hence, interference will not be an issue. However, due to the practical channel and impair- 
ment conditions discussed in previous sections, maintaining the orthogonality is very difficult and 
sometimes there is a trade of in maintaining the orthogonality with spectral efficiency [31, 32]. 
Guaranteeing the orthogonality for all types of channel and impairment conditions is not always a 
good idea as it reduces the spectral efficiency significantly. For example, in FDMA, by allowing a 
significantly large spacing between adjacent channels, we can control the adjacent channel inter- 
ference (ACI). But, this comes at the expense of allocating more spectrum to each user. By allowing 
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Figure 5.15 Illustration of harmonics and intermodulation products generated by a nonlinear device for a 
two-tone input signal. 


some spectral overlapping, spectral efficiency can be increased significantly. However, this will 
introduce ACI. Also, spectral regrowth (adjacent channel regrowth) due to the PA nonlinearity 
causes significant amount of ACI if sufficient guards are not allocated in between the adjacent chan- 
nels. In general, any RF nonlinearity can potentially cause ACI due to the difficulty of band-limiting 
the transmitted signal and leakage of the side lobes to the adjacent channels. 

Understanding the relation between RF impairments, waveform, and multiple accessing 
is critical for the design of proper radio-access technologies [33, 34]. Within this context, 
single-carrier and multi-carrier waveform designs have different effects on the RF impairments. 
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In Nyquist-shaped overlapped orthogonal systems, like raised cosine pulse-shaped single-carrier 
system or Sinc-shaped OFDM systems, the orthogonality in the overlapped domain can be lost 
easily with any shift or dispersion in that domain. For example, frequency offset and phase noise 
impairments can destroy the orthogonality in OFDM leading to ICI. Similarly, timing jitter and 
sample clock error can destroy the orthogonality in raised cosine pulse-shaped single-carrier 
systems, causing ISI. Both ISI and ICI can lead to self-interference and/or multi-user interference 
depending on the type of used multiple accessing scheme. I/Q impairments as discussed earlier 
can also cause both self- and multiuser interference again depending on the multiple accessing 
scheme. Further details of the impairments on various multiple accessing schemes and waveforms 
will be discussed in more detail in later chapters. 


5.9 Conclusions 


Understanding RF impairments is important not only for accurate evaluation of the system per- 
formance but also in developing proper techniques to minimize their effects. In order to avoid 
complication and risks during the deployment stage, it is necessary to take RF impairments into 
account during the air interface design stage. The impact of certain imperfection depends on the 
applied digital transmission technology. For example, while single-carrier systems are more robust 
to some impairments, multi-carrier communication can significantly suffer from these (or the other 
way around). Even though the basic models of some of the common impairments are discussed 
in this chapter, it is important to investigate these in more detail for each specific radio-access 
technology. 
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Fundamental to all communication systems is the process of modulation, which maps the infor- 
mation to physical signals. In digital modulation, the information bits are mapped to a finite set 
of distinct physical signals. The process involves mapping the bits to constellations followed by 
pulse shaping, which are done in digital baseband. Carrier modulation is employed often in ana- 
log domain after digital to analog conversion. The choice of digital modulation and pulse-shaping 
techniques impacts the performance of communication systems. There is no solution which can 
be considered as the best modulation and pulse-shaping techniques for all situations. Depend- 
ing on the channel conditions, radio frequency (RF) hardware cost and properties, allowed com- 
plexity, required data rate, available bandwidth, and desired levels of performance some will pro- 
vide a better fit than others. In this chapter, some of these popularly used digital modulation and 
pulse-shaping techniques will be discussed. 


6.1 Digital Modulation Basics 


Through the recent decades, wireless communications have observed a tremendous shift from ana- 
log communications to digital communications. The trend to digital systems was motivated by 
achieving more information capacity, better quality communications, more secure transmission 
and reception of the information, and capability to interchange information with other digital data 
services. These advantages helped digital communication techniques replace the analog devices in 
today’s world. This resulted in the analog communications, which are commonly implemented by 
means of amplitude modulation (AM) and frequency modulation (FM) techniques, typically being 
constrained to few areas such as radio and television broadcasting. 

The term modulation is often used to imply the operation of mixing the information bearing 
baseband signal with an analog sinusoidal carrier to upconvert them into intermediate frequen- 
cies (IF) and/or radio frequencies (RF). This is for the purpose of sharing the available spectrum 
with multiple applications and users and is also commonly referred as modulation of the signal 
using a carrier (or carrier modulation) [1]. In digital modulation, the analog sinusoidal carrier 
(A, cos(2zf.t + 0), where A, is the amplitude, f, is the frequency, and 6 is the phase of the carrier) 
is modulated with a digital baseband signal, i.e. the source is digital and a finite number of distinct 
signals are used to represent the digital data. Similar to classical analog AM, FM, and PM, the ampli- 
tude, frequency, and phase of the carrier are modulated with the baseband signal (see Figure 6.1). 
Unlike the classical analog modulation, in digital modulation, the modulating symbols are chosen 
from a finite set. Therefore, shift keying term is used in digital modulations, like amplitude-shift 


Wireless Communication Signals: A Laboratory-based Approach, First Edition. Htiseyin Arslan. 
© 2021 John Wiley & Sons, Inc. Published 2021 by John Wiley & Sons, Inc. 


121 


122 


6 Digital Modulation and Pulse Shaping 


T; 

0 || || 0 0 1 0 | 0 l 
(a) 
(b) 
(c) 


Figure 6.1 I|Llustration of carrier modulation options: on-off keying (special case of amplitude 
modulation), binary PSK, and binary FSK. Here, 7 represents the symbol duration. (a) ASK (special 
case OOK). (b) PSK. (c) FSK. 


keying (ASK), frequency-shift keying (FSK), and phase-shift keying (PSK). Even though modula- 
tion operation described above requires carrier, in impulse radio (IR)-based ultra-wideband systems 
and other impulse radio communication systems’ carrier is not needed to modulate the bits. 

Digital communication requires mapping of the stream of bits into waveforms at the transmitter, 
and demapping is achieved at the receiver through various reception algorithms. These mapping 
and demapping operations are also commonly referred as modulation and demodulation. In a more 
formal expression, Proakis in his well-known digital communications book defines modulation 
as “the mapping of a sequence of binary digits into a set of corresponding waveforms” [2]. The 
mapped waveform can correspond to a single bit, or a sequence of bits (a symbol), and can change 
in amplitude, phase (delay), or frequency, or in their combination. Another common definition 
of modulation that implies a similar meaning is “the process where the message information is 
embedded into the radio carrier” [1]. 

The relation between bit and symbol is defined based on how the bits are mapped to symbols. Bit 
rate indicates the number of bits transmitted per second. On the other hand, symbol rate (some- 
times also referred as baud rate) indicates the number of symbols transmitted per second. Depend- 
ing on the mapping, symbol rate is less than or equal to the bit rate, more specifically, the symbol 
rate is the bit rate divided by the number of bits that represents each symbol. For example, if one bit 
is mapped to a symbol (like binary modulations, BPSK, BFSK), then the symbol rate is equivalent 
to the bit rate. If three bits are mapped to a symbol, like in 8PSK used in enhanced data rates for 
GSM evolution (EDGE), then the symbol rate is one-third of bit rate. 

As discussed in earlier chapters, in-phase and quadrature-phase (I/Q) modulation is popularly 
used in communication systems. In I/Q modulation, the I and Q channels are modulated with two 
orthogonal quadrature carriers, 90° out of phase of each other. The I and Q channels are obtained by 


6.2 Popularly Used Digital Modulation Schemes 


mapping the bits to I/Q plane, where in the I/Q plane, depending on the modulation type, discrete 
points represent each symbol. 

When selecting a suitable modulation scheme, one needs to understand the requirements of the 
system as the choice of the modulation impacts the performance and complexity of the system sig- 
nificantly. There is not really a single perfect modulation that satisfies all the requirements. There- 
fore, a system designer needs to understand the trade-offs between various modulation options 
given the physical characteristics of the channel that the system needs to be operated, the target 
performance specifications, desired data rate, and hardware limitations. In an ideal world, one 
wishes to obtain the following characteristics from a modulation option: 


e Low bit-error-rate (BER) at low signal-to-noise ratio (SNR) (high power efficiency) 

e Occupies minimal bandwidth (high spectral efficiency) 

e Performs well in multipath fading (robust to multipath effects like Doppler spread, delay spread, 
and fading) 

Performs well in time varying channels (symbol timing jitter) 

Low out of band radiation 

Low cost and easy to implement 

Constant or near-constant envelope (performs well under nonlinear distortion) 


Especially, power efficiency and spectrum efficiency of various digital modulation techniques 
have been studied and evaluated extensively. Power efficiency is important as it allows the signal to 
be received with a target BER performance with less power. Alternatively, for the same transmitted 
power, a power efficient modulation allows better BER performance, or for the same power and 
BER performance it allows better coverage and immunity against fading and other impairments. 
On the other hand, spectral efficient modulation allows the information transfer with minimal 
amount of bandwidth, or for the same bandwidth more information can be transferred with spec- 
trally efficient modulation. Spectrum efficiency is often measured as the data-rate-per-hertz, i.e. 
R/B bits-per-second-per-Hz. 


6.2 Popularly Used Digital Modulation Schemes 


6.2.1 PSK 


As described above, in PSK, the phase of the carrier is changed depending on the information to 
be transmitted. For example, in the simple binary PSK (BPSK) which is used popularly in various 
wireless communication systems, the phase shifts can be 0° or 180° for representing a bit value of 
0 or 1, respectively. As can be seen in BPSK, a bit is represented with one symbol. Since there are 
two possible bit values (0 or 1), then the symbol alphabet in BPSK will have two possible symbols. 

Quadrature phase-shift keying (QPSK) and various derivatives (offset QPSK, 7 QPSK, {-DQPSK) 
are also very popular PSK modulations used in wireless communication systems. In QPSK, the 
number of phase shifts is four, ie. four possible symbol values corresponding to each phase shift. 
Since the number of alphabet is increased to four, we can map two bits to each symbol. Hence, 
compared to BPSK, QPSK is more spectrally efficient modulation. In general, the number of bits 
that can be represented with each symbol can be calculated as: 


M=23, (6.1) 
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Figure 6.2 Constellation plots for various PSK (PSK, QPSK, 8PSK). 
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where M represents the number of symbols in the symbol alphabet and B represents the number of 
bits that can be represented with each symbol. In QPSK, B = 2 and M = 4. Hence, if we generalize 
the BPSK and QPSK modulations to MPSK (M-level PSK modulation, or sometimes referred as 
Mary PSK), there will be M possible phase shifts that can be applied to the carrier. Figure 6.1b 
shows the modulated carrier for BPSK and Figure 6.2 shows the constellations for various PSK 
(PSK, QPSK, and 8PSK). 

In QPSK, the transitions from one symbol to another might go through the origin. The origin here 
means the point where the carrier amplitude is zero, ie. both in-phase (I) and quadrature-phase 
(Q) values are zero. This happens when both I and Q signals change their value (i.e. 1 + j symbol 
value in one symbol interval will be —1 —j in the next symbol interval) at the same time. This 
change also corresponds to a 180° phase shift from one state to another. Going from one state in 
the I/Q plane to the exact opposite results in large amplitude variation. The large signal amplitude 
variation puts a lot of constraints on power amplifier (PA) designs as the nonlinear properties of 
PAs cause distortions and out-of-band radiation. If we were to limit the simultaneous transition of 
I and Q signals to the exact opposite state, we can avoid the transition through the origin. Offset 
quadrature phase-shift keying (OQPSK) can be developed from QPSK by delaying Q channel half 
a symbol with respect to I channel (see Figure 6.3). By introducing this delay, the signal is made 
closer to constant envelope, and hence the signal transition through the origin is avoided. 

Another way of avoiding signal transition through the origin is the use of i -shifted-QPSK (or sim- 
ply | QPSK). Instead of using a single QPSK constellation, in < QPSK, two constellations are used, 
one shifted by 45° compared to the other. If you look at the constellation diagram (see Figure 6.4), 
the constellation looks like 8PSK, but actually it is broken into two QPSK constellations. The even 
and odd indexed symbols (or symbols that are immediately following each other) use different 
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Figure 6.4 Illustration of 7 QPSK. Notice that the @ Constellation A 
transition from one of the states in Constellation B is re) Constellation B 
only possible to any state in Constellation A and vice 
versa. There is no transition from a state of a 
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Figure 6.5 Constellation and transitions of QPSK, OQPSK, and [QPSK modulations. In 7 QPSK, the 
maximum phase change is limited to 135° compared to 180° for QPSK and 90° for OQPSK. 


constellations for mapping. In other words, if the symbol at time n is using one of these two con- 
stellations, the symbol at time n + 1 should use the other constellation, and so on. Using the two 
constellations in alternating manner, the transition through the origin is eliminated (i.e. 180° phase 
shift is completely eliminated). Figure 6.5 shows constellation and transitions of QPSK, OQPSK, 
and [QPSK modulations. The I/Q vector plots of QPSK and its variants are shown in Figure 6.6. 

Figures 6.7 and 6.8 show the I-eye and Q-eye plots of OQPSK and [QPSK modulations. In OQPSK 
modulation, half-symbol delay between I-eye and Q-eye plots can be observed clearly. In the case 
of 7 QPSK, unlike the regular QPSK or OQPSK modulation, the eye diagrams do not show a single 
eye formation. Since the consecutive symbols are using different constellation, the eye formation 
is not the same in alternating symbol intervals. This feature can be used to differentiate a [QPSK 
modulation from 8PSK modulation. 


6.2.2 FSK 


In FSK, the frequency of the carrier is changed with the modulating signal, while the amplitude 
remains constant. Constant envelope of the carrier is a desirable characteristic for improving the 
power efficiency of transmitters. On the other hand, due to the spreading of the signal over a 
wider bandwidth, FSK modulation has poor spectral efficiency. In binary FSK (BFSK or 2FSK), 
1 is represented by one frequency (let’s say f,) and 0 is represented by another frequency (let’s say 


125 


126 | 6 Digital Modulation and Pulse Shaping 


PSK - 
15 QPS > m/4—QPSK 
1 
0.5 
0 
-0.5 
-l 
-1.5 . —2 
-15 -1 -05 0 O05 1 1.5 —2 -15-1-050 05 1 15 2 
> OQPSK 10 
1.5 
1 0 
0.5 m -5 iN 
Zz 
0 5 —10 
-0.5 é -15 
-I -20 
=1:5 -25 Dynamic ranges 
“i aiS=1 05 0 05-1 15 2 7 QPSK mt/4—QPSK OQPSK 


Figure 6.6 Simulation of various QPSK constellations. The dynamic ranges of QPSK, 7 QPSK and OQPSK is 
also given over a short frame of data duration. A raised cosine filter with a roll-off factor of 0.7 is used in 
this figure. 


f, =f, + Af, where Af represents the frequency separation or frequency deviation). Usually, Af is 
chosen in such a way that the modulated symbols are orthogonal to each other. When Af is equal 
to half the bit rate (which corresponds to modulation index of 0.5), a special case of FSK which 
is referred as minimum-shift keying (MSK) is obtained. This frequency deviation is also the min- 
imum frequency deviation that yields orthogonality of I and Q, resulting in a phase shift of +7/2 
radians per symbol. Due to this exact phase relationship, MSK can be considered as either phase 
or frequency modulation. For example, MSK can be obtained from OQPSK by simply changing the 
pulse shape to a half-cycle sinusoid. MSK is also called as continuous phase FSK (CPFSK) where 
the frequency changes occur at the carrier zero crossings. Normalized spectrum plots of BFSK and 
MSK signals are shown in Figure 6.9. 

Generalizing 2FSK to MFSK leads to M separate frequencies that the carrier can be shifted 
depending on the information bits. Again, the frequency separation can be defined as the 
difference between two successive frequencies Af = f, —f,_,. Note that Af will determine the 
degree of separability of M possible transmitted waveforms from each other. The minimum 
frequency separation between successive frequencies that satisfies orthogonality is equal to half 
the symbol rate. 
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Figure 6.7 Eye diagram of OQPSK-modulated signal using raised cosine filtering with roll-off of 0.5. 
Observe that the I-eye and Q-eye are delayed by half a symbol with respect to each other. 


6.2.2.1 GMSK and Approximate Representation of GSM GMSK Signal 
In order to simplify the receiver structures, the constant envelope binary phase modulation 
signal can be expressed as the superposition of amplitude-modulated pulses. A continuous 
phase-modulated (CPM) baseband signal is represented as: 

s(t) = FPE0 (6.2) 
where j = V-1, a = (..., a,,...) is differentially encoded transmitted data sequence, ¢(t, a) is the 
modulating phase function which can be written as: 


(t,a) = )a,q(t - iT), (6.3) 


where a; = b,b;_,, b; = [—1,1], T is the symbol duration, and q(t) is the phase pulse which is obtained 
by integrating the frequency pulse g(t) as follows: 


q(t) = / (cdr. (6.4) 


co 


127 


128 | 6 Digital Modulation and Pulse Shaping 


Figure 6.8 Eye diagram of 7 QPSK-modulated signal using raised cosine filtering with roll-off of 0.5. 
Observe that the eye formation is not the same in alternating symbol intervals. This is due to the fact that 
in 7 QPSK the subsequent symbols are not using the same constellation. By looking at the eye diagram of 
7 QPSK, one can clearly differentiate it from an 8PSK modulation, which was not the case in constellation 
plot. 


For the case of global system for mobile communications (GSM), Gaussian minimum shift keying 
(GMSK), g(t) is Gaussian-shaped and time limited to an interval equal to 3T (BT = 0.3, where BT 
represents time-bandwidth product which will be described later). The frequency and phase pulse 
of GSM GMSK signal are shown in Figure 6.10. 

This GSM GMSK signal can be approximated as linear amplitude-modulated signal. Such an 
approximation simplifies the receiver design without much sacrifice of the performance. In the 
transmission, the exact GMSK-modulated signal is generated and send through radio channel. 
However, at the receiver, this signal is approximated with linear amplitude-modulated signal as 
follows: 


s(t) = }\b,i*p(t - kT), (6.5) 
k 


where p(t) is the effective pulse shape due to the linear approximation. The error because of 
the linear model approximation of GMSK signal is very small as long as we chose a reasonable 
BT value. For the GSM case (BT = 0.3), this approximation is acceptable. More detailed anal- 
ysis concerning the approximation of continuous phase-modulated signals by superposition of 
amplitude-modulated pulses can be found in [3, 4]. 
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Figure 6.9 Normalized (with symbol rate) spectrum of the BFSK and MSK signals. (a) Normalized spectrum 
of unfiltered BFSK with modulation index of 1. (b) Normalized spectrum of unfiltered MSK (modulation 
index = 0.5). 


The differential precoding is specified by the GSM recommendations [5]. At the modulator, the 
differential encoder needs the first bit value which can be set to “1” as stated in the standard [5]. 
The following Matlab code generates GMSK-modulated GSM signal and its approximate linear 
modulation representation. Figure 6.11 shows the corresponding modulated signals. 


6.2.3. QAM 


Quadrature amplitude modulation (QAM) is another family of digital modulation techniques 
where both phase and amplitude of the carrier are varied. Use of the family of QAM has gained 
significant attention in recent wireless communication systems and is widely adopted in various 
communication standards and commercial applications. There are various types and levels of QAM 
modulations including 16-state quadrature amplitude modulation (16-QAM), 32-state quadrature 
amplitude modulation (32-QAM), 64-state quadrature amplitude modulation (64-QAM), 128-state 
quadrature amplitude modulation (128-QAM), and so on [6]. Here, M-QAM stands for M state 
QAM modulation, where M defines the number of constellation points. For example, in 16-QAM, 
four bits are transmitted with a symbol, and hence, there are 2* = 16 constellation points in the 
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1 
2 sps=8; 

3 tap=5; 

4 n=sps*(tap-1)/2; 

5 BT=0.3; 

6 

7 +i=-nin ; 

8 ql=pi*sqrt (2/log(2))*BT* (i/sps+.5); 

9 q2=pi*sgqrt (2/log(2))*BT*(i/sps-.5); 

10 ps(i+n+1)=1/ (4*sps) * (erf (ql)-erf(q2)); 


122. It=[1,1,-1,1,1,-171,-1,-1,-1,1,1¢1,1,-1, 171,1,-1,1, 1,-1,1,-1,-1,-1) } 


w= =6Id=[-ones(1,8), (randn(1,54) > 0)*2-1,It, (randn(1,54) > 0)*2-1,-ones(1,8)]; 
is m=length(Id); 
le dif_en = Id.* [1 Id(1l:m-1)]; 


wg «II=(dif_en'*[1 zeros(1,sps-1)])'; 
19 up_sampled=reshape(II,1,m*sps) ; 


21. cll=conv(ps,up_sampled) ; 
23 cll2=cumsum(cl11)*j*pi; 


25 s=exp(cll12); 


28 q=cumsum(ps) ; 

29 ql=q(l:length(q)); 

30 «q2=1/2-ql1; 

31 z=zeros(1,length(q)); 

32. pay=[ql q2(2:length(q)) 2]; 
33. SO=sin(pay); 

34 Sl=sin(pay(sps:length(pay))); 
35 S2=sin(pay(2*sps:length (pay) )); 
30 S3=sin(pay(3*sps:length (pay) )); 
38 L=length(ps)+sps; 

39 LO=SO0(1:L).*S1(1:L).*S2(1:L).*S3(1:L); 
40 gp=L0(1:length(LO)); 


42 Idj=j.*(1:length(dif_en)).*dif_en; 
43 II=(Idj'*[1l zeros(1,sps-1)])'; 

44 up_sampled=[reshape(II,1,m*sps) ]; 
45 approx=conv(gp, up_sampled) ; 


47, subplot(1,2,1) 

4g plot(real(s),imag(s) ) 

49 title('True GMSK signal') 

50 subplot(1,2,2) 

51 lgp=length (gp); 

52. plot(real(approx(lgp: -lgp))), 
53 title('Appr« MSK jnal') 


imag (approx(lgp: —-lgp)) 


1/Q plane. There are several implementations of QAM modulations in the constellation diagram. 
For instance, in Figure 6.12, three different implementations of 16-QAM modulation can be seen. 

For a given average power, more bits per symbol can be encoded in QAM which makes it more 
spectrally efficient compared to other modulation options. Using higher-order modulation formats, 
i.e. more points on the constellation, it is possible to transmit more bits per symbol. However, the 
points are closer together and they are therefore more susceptible to noise and data errors. When 
using QAM, the constellation points are normally arranged in a square grid with equal vertical 
and horizontal spacing and as a result the most common forms of QAM use a constellation with 
the number of points equal to a power of 2, ie. 2, 4, 8, 16, and so on. Even though high-order 
QAM provides spectral efficiency advantage, this comes at the price of larger dynamic range and 
with large the peak-to-average power ratio (PAPR) and so, with a reduced the energy efficiency. 
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Figure 6.10 The frequency and phase pulse of GSM GMSK signal. (a) The frequency pulse. (b) The phase 
pulse. 
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Figure 6.11 GSM signal with true GMSK modulation and with linear approximation of OQPSK. 
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Figure 6.13 CCDF plots of various QAM modulations. 


Figure 6.13 shows the complementary cumulative distribution function (CCDF) plots for different 
QAM modulations. As can be seen, as the modulation order increases, the dynamic range also 
increases. 


6.2.4 Differential Modulation 


Differential modulation allows noncoherent detection of the transmitted signal and hence relaxes 
the need for sending separate reference symbols along with data. Also, they allow the design of 
simpler and low-cost receivers [7]. Differential modulations are popularly applied to PSK-type map- 
pings like differential PSK (DPSK) and differential QPSK (DQPSK). For coherent detection of PSK 
signals, the carrier phase needs to be estimated with no phase ambiguity using training (or pilot) 
symbols [8]. In DPSK, the information is not in the absolute phase, but it is in the transition (dif- 
ference) of the phases (i.e. information bits encoded as the differential phase between current and 
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previous symbol). For example, in DPSK, a 0 bit can be encoded by no change in phase between 
previous and current symbols, whereas a 1 bit can be encoded as a phase change of z between pre- 
vious and current symbols. At the receiver, the phase difference between the signals received at two 
subsequent symbol samples is used for detection. Therefore, a phase shift by the channel which is 
the same for both subsequent symbols will not effect the decision. 

Differentially modulated signal can be demodulated using both noncoherent and coher- 
ent demodulation techniques. If the data are demodulated using noncoherent demodulation, 
approximately there is 3-dB performance degradation. 


6.3 Adaptive Modulation 


One of the main objectives for the recent and future generations of wireless communications sys- 
tems is to extend the services provided by the current systems with higher-rate data capabilities. 
Higher-order modulation techniques allow more data rate. However, higher-order modulations 
require a better link quality to provide the same performance for the modem bits. In wireless mobile 
communication systems, due to multipath and location of the receiver with respect to the trans- 
mitter, the link quality changes dramatically. In general, adaptive design methodologies typically 
identify the user’s requirements and then allocate just enough resources, thus enabling more effi- 
cient utilization of system resources and consequently increasing capacity. 

A reliable link must ensure that the receiver is able to capture and reproduce the transmitted 
information bits. Therefore, the target link quality must be maintained all the time in spite of the 
changes in the channel and interference conditions. Higher-order modulations (HOM) allow more 
bits to be transmitted for a given symbol rate. On the other hand, HOM is less power efficient, 
requiring higher energy per bit for a given BER. Therefore, HOM should be used only when the link 
quality is high, as they are less robust to channel impairments. High-quality link can be obtained 
by transmitting the signals with spectrally less efficient modulation schemes, like BPSK and QPSK. 
On the other hand, new generation systems aim for higher data rates made possible through spec- 
trally efficient higher-order modulations. Therefore, a reliable link with higher information rates 
can be accomplished by continuously controlling the modulation levels [9-11]. Higher modulation 
orders are assigned to users that experience good link qualities, so that the excess signal quality can 
be used to obtain higher data rates. Recent designs have exploited this with adaptive modulation 
techniques that change the order of the modulation [12-14]. For example, EDGE standard intro- 
duces both Gaussian minimum-shift keying (GMSK) and 8PSK modulations with different coding 
rates through link adaptation and hybrid automatic repeat request (HARQ). The channel quality 
is estimated at the receiver, and the information is passed to the transmitter through appropriately 
defined messages. The transmitter adapts the coding and modulation based on this channel quality 
feedback. Similarly, IEEE 802.16-based wireless metropolitan area network standard (commonly 
known as WiMAX), 802.11a/g/n/ac-based wireless local area network standard (commonly known 
as WiFi), and Long Term Evolution (LTE) all uses adaptive modulation and coding (BPSK, QPSK, 
16-QAM, and 64-QAM). For example, in 802.11a/g, through the adaptive modulation and coding, 
a data rate ranging from 6 to 54 Mbit/s can be obtained. 

Figures 6.14 and 6.15 illustrates the capacity gain that can be achieved by employing adaptive 
modulation. First, the BER performances of different modulations as a function of SNR are given 
in Figure 6.14. As can be seen, a desired BER can be achieved with low-order modulations for lower 
SNR values. Higher-order modulations need better link quality (higher SNR) in order to obtain the 
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Figure 6.14 BER plots of different modulations as a function of SNR. 
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Figure 6.15 Spectral efficiency of different modulation as a function of SNR. 
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Figure 6.16 Illustration of Gray mapping on ' : 
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same BER performance. Figure 6.15 shows the spectral efficiencies of different uncoded modula- 
tions, where an arbitrary packet size of 200 bits is used. Notice that the optimal spectral efficiency 
for different SNR regions can be obtained through the use of different modulation depending on 
the value of SNR. 


6.3.1 Gray Mapping 


The bits can be mapped to the constellation points depending on various criteria. One of the 
most important aspects that is considered in mapping is to minimize the BER performance. Gray 
mapping is popularly used for minimizing the BER. Gray codes are binary sequences where two 
neighboring symbol values differ in only one digit. Figure 6.16 illustrates an example of Gray 
mapping applied to 16-QAM modulation. 


6.3.2 Calculation of Error 


BER performance has been used popularly to characterize the performance of various modulations. 
Depending on the used modulation and the type of the receiver, the BER performance can change. 
In additive white Gaussian noise channel, the baseband received signal can be modeled as: 


Mt) = s(t) + w(0), (6.6) 


where s(t) is the transmitted symbol and w(t) is the AWGN noise. Let’s assume a simple binary 
orthogonal modulation where a bit value of “O” is mapped to s)(t) and a bit value of “1” is mapped 
to s,(t), for the duration T. At the receiver, after the matched filtering and sampling, the received 
samples at the two matched filter outputs at each symbol interval can be represented as: 


1, = Vj + Zs (6.7) 


where the subscript i represents two different values corresponding to matched filter outputs (7g is 
the first matched filter output, r, is the second matched filter output; V, is the decision statistics 
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for the signal s)(t) and V, is the decision statistics of the signal s,(f); Z) is noise at the first matched 
filter output and z, is the noise at the second matched filter output). Ifs)(t) is transmitted, the first 
matched filter output will be ry = V) + Z) and the second matched filter output will be r, = z,. On 
the other hand, if s,(f) is transmitted, the first matched filter output will be ry = z) and the second 
matched filter output will be r, = V, + z,. The detector compares the matched filter outputs r, and 
r, and decides whether a “O” or “1” is transmitted. If s)(t) is transmitted, and assuming the noise at 
both matched filter outputs has the same statistics and Gaussian distributed with mean zero and 
variance of o?, the probability density functions of the received samples at both correlator outputs 
can be represented as: 


P(rolSo(t)) = a ais (6.8) 
220 
and, 
1 —r2 o2 
P(r, |so(t)) = ——eT?, (6.9) 
210 


If so(t) is transmitted, an error occurs if the received signal value at the second matched filter output 
exceeds the value of the first matched filter output, ie. P)jy = P(r, > ro) = P(Z, > Vo + Zp). Simi- 
larly, if s,(¢) is transmitted, an error occurs if the received signal value at the first matched filter out- 
put exceeds the value of the second matched filter output, i.e. Po), = Plo > 1) = Py > Vi +2). 
For equal probable symbol transmission and assuming that V, = V, = V, the combined probability 
of error will be calculated as: 


y2 1 E, 
P, = 0.5(Pij9 + Po) = Q 552 =Q ZONR =Q ny)? (6.10) 


where Q(-) represents the Gaussian Q-function!. = represents the energy per bit to noise power 
spectral density ratio. Noise variance is related to the noise power spectrum density as o? = x, 
Also, = is related to SNR with 


*b _ one? (6.11) 
N, R 


oO 


where (bps/Hz) represents the spectral efficiency of the modulation. Here, R represents the bit 
rate and B represents the bandwidth. 

If the modulated symbols are antipodal signals (like in BPSK), where one signal waveform is the 
negative of the other, one filter will be sufficient at the receiver. The resulting received sample can 
be represented as: 


r=4Vt+z. (6.12) 


Assuming z is Gaussian random variable with zero mean and variance of o”, probability density 
functions of p(r|1) and p(r|0) can be obtained as: 


p(r|0) = —-e-¥?/20" (6.13) 
210 
and, 
p(r|)) = me 2a”. (6.14) 
210 
1 The Gaussian Q-function is defined as Q(x) = 7 i ez dr. 
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Figure 6.17 PDF of the received samples depending on the transmitted symbols. 


These probability density functions are shown in Figure 6.17. 

For equal probable bit transmission (P(0) = P(1)), the optimal detector for BPSK compares the 
received sample, r, with a threshold of zero. If the received sample is greater than the threshold, 
a decision of “zero” bit transmission is made. Similarly, if the received sample is less than the 
threshold, a decision of “one” bit transmission is made. The noise might push the received sig- 
nal to the other side of the threshold giving rise to bit errors. The bit error rates can be calculated 
easily by finding the total probabilities of the PDFs that fall on the other side of the threshold 
(P, = $(Pon + P19), where Py), is the probability of receiving 0 given that 1 is transmitted, and P,\) 
is the probability of receiving 1 when 0 is transmitted) and it can be given as: 


1 a oe 
P,= / g Pre de. (6.15) 


<4 
210 


which is equal to Q(4/ *) = Q(V/SNR) = Q(,/2=2). 
The following Matlab code finds the theoretical BER curve for BPSK modulation and compares 
it with simulation. The corresponding plots are given in Figure 6.18. 


1 
2 dB = 02 0.12. 10; 

3 SNR = 10.* (dB ./ 10); 

4 Pb = 0.5 * erfc(sqrt(SNR)); 
5 figure(1);clf 

6 semilogy (dB, Pb); 

7 grid on; 

8 xlabel('SNE 
9 ylabel('Bit 
lo title('Performance of BPSK modulation over AWGN channel'); 
11 hold on 


13 N=le6; 

14404 «bits= (randn(1,NN) > 0)*2-1; 

1s noise = (randn(1, NN) + j*randn(1, NN))/sqrt(2); 
16 kk=1: length (dB) 

17 sigma= sqrt(10.* (-dB(kk)/ 10)); 

18 y=bits+noise*sigma; 

19 det=(real(y) > 0)*2-1; 

20 err(kk)= length(find(det # bits))/ NN ; 


22 semilogy (dB, err ,'ro'); 
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Performance of BPSK modulation over AWGN channel 
101 &== Tn Ton Tas Tn LEE LEE Tone To Tog 


— Theoreical 


e° Simulation 


Bit error rate 


SNR (dB) 


Figure 6.18 Performance of BPSK with both simulation and theoretical calculation. 
6.3.5 Relation of rb with SNR at the Receiver 


In developing computer simulations to plot BER versus x or SNR curves, understanding the rela- 

tion between them would be useful. These two quantities can be related as: 
1 

B,T ? 

where M is the modulation order, T is the symbol duration, and B, is the effective bandwidth which 

can be calculated as: 


E, 
SNR = <~log,(M) (6.16) 


L-1 
B, =f, y |hil?. (6.17) 
l=0 


where f, is the sampling rate and h, is the normalized FIR filter coefficients, i.e. the summation 
of the absolute filter coefficients is equal to unity. The following Matlab simulation illustrates the 
relation between x and SNR. For a desired x value, the target SNR is calculated as given in the 
code. The target (desired) SNR is also compared with the actual SNR value after the receiver filter. 
Ideally, they should match. But, because of the random noise statistics, there is a slight difference 
between the target SNR and actual SNR values. The difference decreases when the simulated num- 
ber of symbols increases. In plotting the SNR versus BER curves, the estimated SNR values (after 
the receiver filter) should be used. 


6.4 Pulse-Shaping Filtering 


Baseband pulse-shaping filtering is used in digital modulation to limit bandwidth and reduce inter- 
symbol interference. Square pulse shapes are not practical to be used in wireless communication 
systems as they require significant amount of bandwidth. Even though they are Nyquist pulses 
and very robust to timing errors and inter-symbol interference (ISD, they have terrible spectral 


6.4 Pulse-Shaping Filtering 


1 

2 EbNo_target= 10 ; 

3 N=1le4; ) 

4 sps=8; 

5 fltr=rcosine(1, sps, "sa t",.0..3)) 3 

6 M=4; 

7 symb= gammod (floor (rand (1, N)*M),M); 
8 

9 symb= eyink: Fomor tmeantabe teymals 2))F7 


10 u_frame=upsample(symb, sps)j; 

ll sgnl_tx = conv(fltr,u_frame); e 

12. noise= oe See peered ae, ox) ) 43" randn (1, length(sgnl_tx))); 
14 eltr. nigral aed Fitr/sum(fltr); 


16 SNR_target = 10*1log10(exp(log(10) *EbNo_ Eee ie) * log2(M) * 


17 (1 /(sum(fltr_normalized .* fltr —normalized) *sps))) 
18 t 
19 std=sqrt( 10.*( -(10*log10((log2(M))) + EbNo_target )/10)); 


20 rx=sgnl_txtnoise*std; 

21 rx_f=conv(sgnl_tx,fltr); 

22 rx_n=conv(noise*std,fltr); 

23 SNR_before= 10*1log10(mean(abs(sgnl_tx).*2) /mean(abs((noise*std) .*2))) 
24 SNR_after= 10*log10(mean(abs(rx_f).*2) /mean(abs((rx_n).*2))) 


side lobes (see Figure 6.19). Therefore, various pulse shapes are used to adjust time and spectrum 
characteristics of the signal. Some commonly used pulse shapes are root-raised-cosine (RRC) pulse 
shaping which is popularly used in flat fading channels with PSK and QAM modulations like in 
WiMAX; half-sinusoidal pulse shaping which is used with MSK; and Gaussian filtering which is 
again used with MSK (GMSK) like in GSM. 

Raised cosine filter is a Nyquist filter and it is robust to ISI [15]. If both transmitter and receiver 
uses RRC filter, then the combined effective filter results in raised cosine filter [16]. Therefore, 
the signal at the receiver after the RRC filtering (which is matched to the exact transmitter filter 
response) can lead to ISI free samples (assuming that the channel is frequency flat and the sample 
timing is perfectly achieved). The Nyquist filter impulse response has its peak amplitude at the 
symbol instant (¢ = 0) and is zero at all other surrounding symbol instants (see Figure 6.20). That is, 
it crosses zero at integer multiples of the symbol period. This means that Nyquist-filtered symbols 
do not interfere with surrounding symbols (zero intersymbol interference). The effects of pulse 
shaping on QPSK modulation is investigated in the following Matlab code and the corresponding 
plots are given in Figures 6.21, 6.22, 6.24, and 6.25. 


Power spectrum magnitude (dB) 
Power spectrum magnitude (dB) 


0 0.1 0.2 0.3 04 0.5 0.6 
Frequency 
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Vv 
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Figure 6.19 |llustration of the effect of baseband filtering on the transmitted signal’s spectrum. 
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1 
2 N=1e4; 

3. sps=8; 

4 

5 fltr=ones(1,sps); 
6 M=4; 

7 figure(1) 

8 clf 

9 


symb= gammod (floor (rand(1,N) *M),M); 

10 u_frame=upsample(symb, sps); 

11s sgnl_tx = conv(fltr,u_frame) ; 

12. sgnl_tx=sgnl_tx(length(fltr): -length(fltr)); 
13 [Pxx,F]=pwelch(sgnl_tx, [],[],2048,sps) ; 

14 plot (F-sps/2,fftshift (10*log10 (Pxx)),'b-') 

15 hold on 
ie fltr=rcosine(1,sps, 'normal',0.3); 

17 symb= gqammod(floor(rand(1,N)*M),M); 

1g u_frame=upsample(symb, sps); 

9 = sgnl_tx = conv(fltr,u_frame) ; 

20 tx_4QAM1=sgnl_tx(length(fltr): -length(fltr)); 
21 [Pxx,F]=pwelch(tx_4QAM1, [],[],2048,sps); 

22 plot(F-sps/2,fftshift (10*log10(Pxx)),'r—') 

23 fltr=rcosine(1,sps, 'normal',0.9); 

24 symb= gqammod(floor(rand(1,N)*M),M); 

2 u_frame=upsample(symb, sps); 

2 sgnl_tx = conv(fltr,u_frame) ; 

27. tx_4QAM2=sgnl_tx(length(fltr): -length(fltr)); 
28 [Pxx,F]=pwelch(tx_4QAM2, [], [],2048,sps); 

29 plot(F-sps/2,fftshift (10*log10(Pxx)),'k:"') 

30 figure(2) 
31 clf 

32. [xl,yl]=hist (abs (tx_4QAM1).*2,100) ; 

33. [x2,y2]=hist (abs (tx_4QAM2).*2,100) ; 

34 ~semilogy(10*1log10(y1),1-cumsum(x1/sum(x1)),'b-') 


35 hold on 

36 semilogy(10*log10(y2),1-cumsum(x2/sum(x2)),'r—') 
37. grid 

38 «=xlabel('p in dB') 

39 ylabel ( ve probability') 

40 title('c 


4. figure(3) 

42. subplot(1,2,1) 

43 plot (real (tx_4QAM1),imag(tx_4QAM1) ) 
4 title('roll-off=0.3') 

45  subplot(1,2,2) 

46 plot (real (tx_4QAM2),imag(tx_4QAM2) ) 
47 title('roll-off=0.9"') 


49 clf 

50 subplot(2,1,1) 

51 x=vec2mat (tx_4QAM1 (100: -100),sps*2); 
52. plot(real(x(1: a pe Vee U2) 

53 title('roll-off=0.3') 

54 subplot(2,1,2) 

55 x=vec2mat (tx_4QAM2 (100: -100),sps*2); 
56 plot(real(x(1: Ger eras Were ED) 


57. title('roll-off=0.9') 


Even though Nyquist filtering provides ISI free signaling in flat fading channels, there are 
applications when ISI is not the most important criteria. Especially if the channel is already 
frequency-selective, the ISI free filtering might not be the most critical thing anymore. Gaussian 
filtering, for example, is popularly used with MSK modulation (even though it does not have a 
good ISI characteristics) because of the superior spectral characteristics. 

Gaussian filter impulse response is defined by a Gaussian-shaped pulse. Bandwidth-symbol time 
product (BT) is related to the filters 3-dB bandwidth and data rate by BT = B, j,T. As can be seen 
from Figure 6.23, the filter impulse response spreads to a duration larger than a symbol duration, 
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Figure 6.20 Impact of roll-off factor in RC filtering. Roll-off factor provides a direct measure of the 
occupied bandwidth of the system, B = (1+ a) « (symbol rate). Roll-off factor determines the excess 
bandwidth. 
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Figure 6.21 Effect of raised cosine filtering in the bandwidth of OPSK-modulated signals. 
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Figure 6.22 Effect of roll-off factor on CCDF in raised cosine filtering. Reducing the roll-off increases the 
ISI, which is in sense-making each time sample a superposition of multiple data symbols, and hence 
increases the fluctuation of the time samples. The increase in the dynamic range of the signal can be seen 
easily in the CCDF plot. 
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Figure 6.23 Gaussian filter response. 
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Figure 6.24 Effect roll-off factor on I/Q vector plot in raised cosine filtering. Roll-off factor impacts the 
transition from one state to another. Increasing roll-off will also increase the variation of this transition. 
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Figure 6.25 Effect of roll-off factor on eye diagram in raised cosine filtering. The width of the eye provides 
information about tolerance to jitter and sample timing errors. Increasing the roll-off also increases the 
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Figure 6.26 Effect of Gaussian filtering in MSK signal’s spectrum. 
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Figure 6.27 Effect of Gaussian filtering in MSK signal's phase. Filtering smooths sudden phase changes. (a) 
No filter. (b) BT = 0.3. (c) BT = 0.1. 
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(c) 


Figure 6.28 Effect of Gaussian filtering in the eye diagram of MSK signal. Gaussian filtering introduces ISI 
as can be seen from the eye diagram. As the BT decreases, the ISI increases. (a) No filter. (b) BT = 0.3. 
(c) BT = 0.1. 


leading to ISI. As the BT increases, ISI decreases. On the other hand, lower BT produces a faster 
power spectrum roll-off, as can be seen in Figure 6.26. Therefore, there is a trade-off between 
time response and frequency response. For example, in GSM, BT of 0.3 is used to compromise 
between spectral efficiency and intersymbol interference. In GSM, because of the ISI caused by the 
pulse-shaping filtering, at the receivers equalizers are needed even if the channel is frequency flat. 
Figures 6.27 and 6.28 show the effect of Gaussian filtering on the phase and eye diagram of MSK 
signals, respectively. 
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6.5 Conclusions 


Modulation has always been one of the critical research topics for communication system design 
as it has direct impact on the performance of the overall system. Digital modulation provides wide 
variety of options for the system designers depending on the desired metrics to satisfy. In this 
chapter, basic principles of digital communication and pulse shaping are discussed. There is a lot 
more than what is discussed in this chapter. There are a lot of great reference materials that cover 
the theoretical aspects of digital modulation and pulse shaping. This chapter mainly focused on the 
basics and practical aspects to complement the other chapters in the book. 
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Multi-carrier modulation techniques are widely adopted in various telecommunication standards 
such as wireless wide area, local area, and personal area networks. Orthogonal frequency division 
multiplexing (OFDM) is the most popular multi-carrier waveform that is used to achieve high 
spectral efficiencies. It also has other advantages, such as efficient hardware implementation, 
low-complexity equalization, and easy multiple-input multiple-output (MIMO) integration. 
However, OFDM-based systems suffer from high out-of-band emissions (OOBEs), peak-to-average 
power ratio (PAPR) and strict synchronization requirements. This chapter aims to provide an 
in-depth understanding of OFDM as well as its performance in the presence of a multipath 
channel and various radio frequency (RF) impairments. 


7.1 Why OFDM? 


Multi-carrier modulation techniques are widely adopted in various telecommunication standards. 
Their primary advantage over single-carrier transmission schemes is their ability to cope with 
frequency-selective channels for broadband communications. The transmission bandwidth is 
divided into several narrow subchannels, and data are transmitted in parallel over these sub- 
channels with a set of narrow carriers. If the bandwidth of each carrier is set to be less than the 
coherence bandwidth of the channel, each carrier experiences a single-tap flat fading channel. As 
a result, the complex equalizers that are required for single-carrier communications to combat 
inter-symbol interference (ISI) can be avoided with properly designed multi-carrier systems. 

OFDM is the most popular multi-carrier modulation technique that is currently being used 
in various standards, such as fourth generation (4G) long term evolution (LTE) and the IEEE 
802.11 family [1]. It provides several tempting features such as efficient hardware implemen- 
tation, low-complexity equalization, and easy MIMO integration. OFDM also enables high 
spectral efficiency as it allows subcarriers to overlap while preserving their orthogonality. On 
the other hand, OFDM severely suffers from its high OOBE, PAPR, and strict synchronization 
requirements. 

OFDM has found applications in many wireless technologies, including digital audio/video 
broadcasting in Europe and high-speed wireless local area network (WLAN) standards such 
as IEEE 802.11a/g/n/ac/ax. It has also been applied to wireless metropolitan area networks 
(WMANs) for fixed and mobile wireless access (e.g. 802.16-2004 for fixed and 802.16-2005 for 
mobile WiMAX), wireless personal area networks (WPANs) through multiband ultrawideband, 
and wireless regional area networks (WRANs) through cognitive radio (e.g. IEEE 802.22). 


Wireless Communication Signals: A Laboratory-based Approach, First Edition. Htiseyin Arslan. 
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The system parameters of various wireless communication standards using OFDM technologies 
are given in Table 7.1. 

OFDM has also become a dominant radio access method for cellular standards. Initially, LTE and 
LTE-advanced (LTE-A) adopted OFDM for the 4G cellular wireless. Later, numerous waveforms 
had been proposed [2] considering the disadvantages of OFDM, but none of them can address 
all requirements of a mobile network with diverse applications. Therefore, OFDM remains as the 
waveform of the fifth generation (5G) new radio (NR) [3-6], and the multi-numerology OFDM 
concept [7, 8], which allowed a flexible way of using OFDM, is introduced for different applica- 
tions. The physical layer of 5G is designed to achieve better flexibility in an effort to support diverse 
requirements. In a broad sense, numerology refers to the waveform selection (or parameterization) 
to form resource blocks based on the user requirements and channel conditions. Different users 
within the same frame are allowed to utilize different waveforms or the same base waveform with 
a different parameterization that best meets their requirements. Based on this definition, the imple- 
mentation of the multi-numerology frame structure can be principally categorized into two types 
as hybrid/mixed waveforms-based and single-waveform-based mixed numerologies. 5G standard 
has opted for the single-waveform-based numerology structure whereby OFDM has been selected 
as the parent waveform whose numerologies are defined by their subcarrier spacing values. The 
differences between 4G LTE and 5G NR are summarized in Table 7.2. 


Table 7.1 Exemplary OFDM-based wireless standards and their basic parameters. 


Standard IEEE 802.11(a/g) IEEE 802.16(d/e) IEEE 802.22 DVB-T 

FFT size 64 128, 256, 512, 1024, 2048 1024, 2048,4096 2048, 8192 

CP ratio 1/4 1/4, 1/8, 1/16, 1/32 Variable 1/4, 1/8, 1/16, 1/32 
Bits per symbol 1, 2, 4,6 1, 2, 4,6 2, 4,6 2,4, 6 

Pilots 4 Variable 96, 192, 384 62, 245 
Bandwidth (MHz) 20 1.75-20 6, 7,8 8 

Multiple accessing CSMA OFDMA/TDMA OFDMA/TDMA N/A 


Table 7.2 4G LTE and 5G NR comparison. 


Criterion 4G LTE 5G NR 

Downlink waveform CP-OFDM CP-OFDM 

Uplink waveform SC-FDM CP-OFDM and SC-FDM 
Numerology structure Fixed Flexible 

Resource element Fixed Variable 

Subcarrier spacing (Af) 15 kHz 15, 30, 60, and 120 kHz 
Max. transmission BW Up to 20 MHz Up to 400 MHz 

Max. # of RBs Up to 100 Up to 275 

FFT size for max. BW 2048 4096 

Normal CP length 4.69 or 5.21 ps 0.60, 1.19, 2.38, and 4.76 ps 


Extended CP length 16.67 ps 4.17 ps for 60 kHzAf 


7.2 Generic OFDM System Design and Its Evaluation 


Table 7.3 OFDM for current and future wireless communication systems. 


Requirements 


Broadcasting 


Efficient spectrum 
utilization 


Adaptation/scalability 


Advanced antenna 
techniques 


Interoperability 


Multiple accessing and 
spectral allocation 


NBI immunity 


Immunity to spectral 
fading 


Opportunistic scheduling 


OFDM’s strength 


OFDM enables the same radio/TV channel frequency usage throughout a 
country. Large delay spread created by multiple geographically separated 
stations can be handled easily. Signals received from multiple stations can 
be combined simply. 


The OFDM waveform can easily be shaped by turning off some 
subcarriers where interference or other users exist. It is a compelling 
feature, especially for cognitive radio. Variable bandwidth can also be 
allocated to different users. Scheduling in the frequency domain can be 
done flexibly and efficiently. 


OFDM systems can be adapted to different transmission environments 
and available resources easily, due to a large number of parameters 
suitable for adaption and flexibility. For example, the cyclic prefix (CP) 
size can be adapted depending on the time dispersion of the channel. 


MIMO techniques are commonly used with OFDM, mainly because of 
the reduced equalizer complexity. OFDM also supports smart antennas. 


Interoperability can be defined as the ability of two or more systems to 
exchange information and utilize it. WLAN (e.g. IEEE 802.11), WMAN 
(e.g. IEEE 802.16), WRAN (e.g. IEEE 802.22), WPAN (e.g. IEEE 
802.15.3a), 4G LTE, and 5G NR are using OFDM as their physical layer 
techniques. Therefore, interoperability becomes easier compared to other 
technologies. 


Support for multiuser access are already inherited in the system design by 
assigning groups of subcarriers to different users like in orthogonal 
frequency division multiple access (OFDMA). Interleaved, randomized, 
or clustered assignment schemes can be used for this purpose. Hence, it 
offers very flexible multiple accessing and spectral allocation capability 
for future radios without any extra complexity or hardware. 


Narrow-band interference (NBI) affects only some subcarriers in OFDM 
systems. These subcarriers can be simply turned off. 


Poor (faded) subcarriers can be loaded with more robust modulations or 
can be avoided completely. Subchannel-based adaptation is possible, 
especially for low-mobility applications. 


Carriers or a group of carriers can be assigned adaptively to the users 
experiencing the best conditions in these channels. 


The flexibility and adaptiveness of OFDM, along with several other great features, made it a desir- 
able access technology of many current and future wireless communication systems. In Table 7.3, a 
summary of the requirements for current/future wireless communication systems and how OFDM 
can fulfill these requirements are described. 


7.2. Generic OFDM System Design and Its Evaluation 


In this section, a generic OFDM system is described in detail. First, a simple OFDM system in a 
multipath channel with additive white Gaussian noise (AWGN) is modeled and analyzed, then the 
effect of the multipath channel and RF impairments on the OFDM signal are investigated. Finally, 
coherent and differential OFDM signaling is discussed. 
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7.2.1 Basic CP-OFDM Transceiver Design 


A simplified block diagram of a basic OFDM transceiver is given in Figure 7.1. In a multipath fad- 
ing channel, each subcarrier might experience different attenuation due to the frequency selectivity. 
Furthermore, the power level on some subcarriers can be significantly less than the average power 
level because of the deep fades. As a result, the overall bit-error-rate (BER) might be dominated bya 
few subcarriers with low power levels. Channel coding is used to reduce the degradation of system 
performance due to this problem. In addition, interleaving is applied to randomize the occurrence 
of bit errors and provide immunity to burst errors. Initially, coded and interleaved data bits are 
mapped to the constellation points in order to obtain data symbols. Afterward, the serial data sym- 
bols are converted to parallel data symbols, which are fed to the inverse fast Fourier transform 
(IFFT) block to obtain the time-domain OFDM symbol as follows: 
N-1 
x,,(0) = FX, (Kea 0<t<T,, (7.1) 
N k=0 
where X,,(k) is the transmitted data symbol at the kth subcarrier of the mth OFDM symbol, N is 
the number of subcarriers, T, is the OFDM symbol duration, and Af is the subcarrier spacing. The 
discrete version of the time-domain OFDM symbol can be given with a sampling rate of T,/N as 
follows: 
N-1 
x,,(N) = a pao aaa @T/N) QO<n<N-1. (7.2) 
N k=0 
The orthogonality among the subcarriers is achieved by ensuring T, = i Accordingly, the OFDM 
symbol is expressed as follows: 
N-1 
x,(0) = a Vx nwens 0<n<N-1. (7.3) 
N k=0 
In the following step, the CP is added by copying the last part of the IFFT sequence and appending 
it to the beginning as a guard interval. The CP ensures the circularity of the channel and its length is 
determined based on the maximum excess delay of the channel. The CP-OFDM symbol formation 
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Figure 7.1 Block diagram of a basic CP-OFDM transceiver. 


7.2 Generic OFDM System Design and Its Evaluation 


Subcarriers (only in-phase 
components are shown) 


T, 
<___*___» - 
i ae 
> io ae, > 
> <a 
: 8 Top T, 
Modulated 3 Atatae : « >< : > 
symbols 2 > | Add 4 er I 
s/P : § NIL\/\y 2s : levee ==> i, ani iA “fl 
3 : prefix ee \ | if At yr Nyy 
Dé : : 
2" nny LE 
> 
Absolute value of Time 


OFDM symbol 
1) i 


Figure 7.2 Illustration of a CP-OFDM symbol formation at the transmitter. 


at the transmitter is shown in Figure 7.2. Subsequently, the time-domain baseband signal passes 
through the RF front-end components before transmission. 

The signal is received along with noise after passing through the multipath radio channel. Ini- 
tially, a band-pass filter is applied to the received analog signal and then it is down-converted to 
baseband and digitized by the RF front-end components. Afterward, the guard interval, CP, is 
removed in the following step. Assuming perfect time and frequency synchronization, the base- 
band OFDM signal at the receiver can be formulated as follows: 

I-1 
Ym(2) = PX p( — hy, (1) + Wy (NM), (7.4) 
1=0 
where L is the number of sample-spaced channel taps, w,,(n) is complex-valued AWGN samples, 
and h,,(1) shows the time-domain channel impulse response (CIR) for mth OFDM symbol, and 
it is assumed as a time-invariant linear filter, which is expressed as h,, (I) = bya h,, (D6(L— i). In 
the following step, a fast Fourier transform (FFT) is performed, and the frequency-domain OFDM 
signal at the receiver is formulated as follows: 


Yn (K) = FFT (Vp (N)} = Xp (Hp (K) +Wy(k) OSk<SN-1, (7.5) 


where H,,,(k) = a h,(De?7*/N is the channel frequency response, and W,,,(k) is the compo- 
nent due to the noise contribution. It should be noted that CP-OFDM converts the convolution 
operation in the time domain into the multiplication operation in the frequency domain. Hence, 
simple one-tap frequency domain equalization (FDE) can be used to recover the transmitted sym- 
bols. After the FDE operation, symbols are demodulated, deinterleaved, and decoded to obtain the 
transmitted data bits. 


7.2.2 Spectrum of the OFDM Signal 


OFDM signal can be considered as a set of orthogonal carriers, which are windowed in the time 
domain. The inherent rectangular window in the time domain leads to sinc-shaped subcarriers 
in the frequency domain. The superposition of orthogonally overlapped subcarriers are shown in 
Figure 7.3. Assuming that the data at each subcarrier are statistically independent and mutually 
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Figure 7.3. Orthogonally overlapped OFDM subcarriers. 


orthogonal, the power spectral density (PSD) of an OFDM signal is obtained by summing the power 
spectra of individual subcarriers, and it is expressed by the following equation [9]: 
g2N-1 
PSD = - > (sine [ff - kAf) TI)’. (7.6) 
5 k=0 
where Oo, represents the variance of the data symbols and k stands for the subcarrier index. 
The following Matlab script provides a simple example of generating multiple OFDM symbols. 
The time- and frequency-domain plots of the OFDM signal are shown in Figure 7.4. It should be 


1 
2 N=256; FET ize 

3 CP_size=1/4; t 

4 used_subc_indices=35:1:N-35; use I rrier 

5 symbols=2* (randn(1,N)>0)-1; mk 

6 to_ifft=zeros(1,N); 

7 to_ifft (used_subc_indices)=symbols (used_subc_indices) ; 
8 time=ifft(to_ifft) ; 

9 time_cp=[time ( -N*CP_sizetl: ) time]; 


1 clf; subplot (2,2, [1,2]) 
12 plot(10*log10(abs(time_cp) .*2)) 


13. hold on 

44) plot(10*log10(abs(time_cp(1:64)).*2),'r') 

is title('(a) FDM time signal') 

16 «=xlabel('Ti ample index') 

17. ylabel('P (dB) ') 

18 «subplot (2,2,3) 

19 pwelch(time_cp) 

20 title('(b) OFDM spectrum (only one symbol) ') 


22 Multiple 1 
23 num_OFDM_symbols=1000; ibex I t 


24 frame=[]; 

25 N=256; 

2 CP_size=1/4; 

27 ii=1:num_OFDM_symbols 

28 symbols=2* (randn(1,N)>0)-1; 

29 used_subc_indices=25:1:256-25; 

30 to_ifft=zeros(1,N); 

31 to_ifft (used_subc_indices) =symbols (used_subc_indices) ; 
32 time=ifft (to_ifft); 

33 time_cp= [time ( -N*CP_sizet+l: ) time]; 

34 frame=[frame time_cp]; icat t f t 


36 «subplot (2,2, 4) 
37. ~pwelch(frame) 
38 «title('(c) OFDM spectrum (multiple symbols)') 
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Figure 7.4 OFDM signal in the time and frequency domains. (a) An OFDM time signal. (6) OFDM spectrum 
of only one symbol (i.e. no symbol transition). (c) OFDM spectrum of multiple symbols (i.e. with symbol 
transitions). 


noted that when the OFDM symbols are concatenated to each other, the sharp symbol transition 
between symbols creates spectral regrowth in the adjacent channels. 

The sidelobes of the sinc-shaped subcarriers at the edges and the discontinuity at the boundaries 
of subsequent OFDM symbols cause significant interference to the neighboring bands. Typically, 
the interference is managed by various windowing/filtering approaches along with the guard band 
allocation [10-12] to meet the spectral mask requirements of various standards. The windowing/- 
filtering operations reduce the unwanted emissions, but they need an extra period, which extends 
the guard duration between the consecutive OFDM symbols. Also, additional guard bands might 
still be required between adjacent channels to deal with the remaining interference. In other words, 
better interference mitigation is realized with the cost of reduced spectral efficiency. Accordingly, 
the future communication systems have to optimize the guards in both time and frequency domains 
to improve the spectral efficiency [13]. 

A time-domain windowing operation is implemented to demonstrate how to control the OOBEs 
of OFDM in this part. The windowing operation can smooth the sharp symbol transitions to 
improve the spectral confinement with low complexity. Various windowing functions have been 
compared thoroughly [14] with different trade-offs between the main lobe width and the sidelobe 
suppression. For example, raised cosine (RC) windowing function is one of the commonly 
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employed windowing functions in the literature [15-17]. A significant interference reduction can 
be achieved by changing the roll-off factor of the RC window. However, the OOBE improvement 
comes at the cost of longer OFDM symbol duration and lower spectral efficiency, as mentioned 
earlier. The RC window function can be defined as follows: 


Die Leos nae” F for0 <n<aN, 
2. 2 aN, 
8, = 41 for aN, <n<N, (7.7) 
ig Dog een for N.<n<(1+a@)N. 
2°22 aN, /’ ae s 


where N, = N +N, is the symbol length in samples and a is the roll-off factor. Here, N, represents 
the symbol extension. The total symbol length is (1 + a)N,. However, adjacent symbols partially 
overlap over a length of aN, from each side, causing the actual symbol time to be N,. To maintain 
the orthogonality between the OFDM subcarriers and the system resistance to ISI, the symbols are 
extended using both prefix and postfix. These durations for both prefix and postfix extensions are 
chosen in such a way that they cover the overlapping period of the symbols. The following Matlab 
script demonstrates the effect of raised cosine windowing and the results are plotted in Figure 7.5 
for a windowing length of 1/16th of the OFDM symbol duration. 


1 
2 

3 N = 256; 

4 CP = 1/4; 

5 G = CP¥*N; 

6 

7 CP2 = 1/16; 

8 G2 = CP2*N; 

9 num_OFDM_symbols=100; 

jo frame=[]; frame_RC=[]; x0 = zeros(1, N+G); 

11 

122 RRC = 0.5 + 0.5.*cos(pi + pi.*[0:G2-1]./G2); 

133 LRC = 0.5 + 0.5.*cos(pi.*[0:G2-1]./G2); 

14 

15 

16 ii=1:num_OFDM_symbols 

17 

18 symbols= qammod( floor(rand(1,N)*4) ,4); 

19 used_subc_indices=[floor (N/4):1:N/2-1 N/2+1:1:N-floor(N/4)]; 
20 to_ifft=zeros(1,N); 

21 to_ifft (used_subc_indices) =symbols (used_subc_indices) ; 
22 time=ifft(to_ifft); 

23 time_cp=[time( -G+1: ) time]; 

24 frame=[frame time_cp]; 

25 

26 

27 Ccp = LRC.*x0(G+[1:G2]) + RRC.*time_cp ( -G-G2+[1:G2]); 
28 frame_RC = [frame_RC, Ccp, time_cp]; 

29 x0 = time_cp; 

30 

31 

32. figure(1) 

33. clf 

34 [Pxx,F]=pwelch(frame, [], [],2048,1, 'twosided'); 

35 plot(F,10*1lo0g10 (Pxx) ) 

36 hold on 

37. ~[Pxx,F]=pwelch(frame_RC, [],[],2048,1, 'twosided'); 

38 «plot(F,10*logl0(Pxx),'r—') 


7.2 Generic OFDM System Design and Its Evaluation 


No windowing 


With RC windowing 


Power (dB) 
dr 
=) 


60 b ; J 
I ‘ 
I 
70 F \ J 
I ? 
i ‘ 
~80 I a 
nly ay ‘ny 1 
U 
90 1 1 1 1 1 
—100 —50 0 50 100 


Sample frequency index 


Figure 7.5 Spectrum of the windowed-OFDM signal. 


Edge windowing [18] is a more efficient windowing approach to reduce the high OOBE of 
CP-OFDM. Although the outer subcarriers have a higher contribution to the OOBE compared 
to the inner subcarriers, conventional windowing techniques apply the same window for all 
subcarriers within an OFDM symbol. On the other hand, the edge windowing approach applies 
windows with higher sidelobe suppression capabilities to edge subcarriers while it applies lighter 
windows to inner ones. 


7.2.3. PAPR of the OFDM Signal 


PAPR is a critical issue related to CP-OFDM systems, including other multi-carrier modulation 
schemes, due to the random addition of subcarriers in the time domain [19]. The theoretical upper 
bound for PAPR of an OFDM signal is 10 log,)(N) dB assuming all N subcarriers are active and 
modulated with the same phase shift keying (PSK) modulation. Also, the PAPR increases as the 
modulation order increases when quadrature amplitude modulation (QAM) modulation is con- 
sidered. However, the theoretical upper bound is only achievable when all subcarriers are equally 
modulated, which is unlikely, especially as N increases. Therefore, the theoretical upper bound 
does not have practical usage to describe the amplitude statistics of an OFDM signal. Usually, the 
statistical distribution of the PAPR is used for developing efficient PAPR reduction techniques. 
Assume that the modulated symbols at each subcarrier are statistically independent and mutu- 
ally orthogonal. These symbols are mapped to the time domain through an IFFT operation. As a 
result, each OFDM time sample consists of a combination of N independent and identically dis- 
tributed random variables. When N is sufficiently large, time samples of an OFDM signal can be 
modeled with Gaussian distribution according to the central limit theorem. If both the real and 
imaginary parts of the signal are Gaussian distributed with zero mean and variances of o7 = o? = 
o* /2, the amplitude of the time-domain signal becomes Rayleigh distributed, f(r) = ser ° where 


r 


o? is the average power [20]. 
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The probability of the power that exceeds a threshold for a given OFDM sample can be expressed 
as follows: 


P(f() > 1.) = / e (r)dr = e0/% = @PAPRo (7.8) 


Assuming that all N samples are independent in an OFDM symbol, the complementary cumu- 
lative distribution function (CCDF) of the PAPR can be calculated as follows: 


CCDF[PAPR] = 1 — (1 — e/%N = 1— (1 — ePAPRYN (7.9) 
Figure 7.6 shows the CCDF of the PAPR for various N using the analytical expression above. 
The PAPR increases with an increase in N. Similar curves can be obtained through simulations 
using the following Matlab script. It should be noted that the OFDM signal is oversampled before 
passing through the digital-to-analog converter (DAC) in practical communication systems and 
the analog signal after the DAC usually has a higher PAPR value compared to the given PAPR 
expression in Eq. (7.9). 


1 
2 
3 N=256; 

4 Pr=1-(1-exp(-[1:15])).*N; 

5 semilogy(10*log10(1:15),Pr,'k-—') 
6 

7 

8 

9 


kk=1:300000 


symbols=2* (randn(1,N)>0)-1; 
10 time=ifft (symbols); i 
ll time_cp1=[time ( -N*CP_sizetl: ) time]; 
12 meanP = mean(abs(time_cpl).*2); 
13 peakP = max(abs(time_cpl).*2); 
14 PAPR2 (kk) =peakP/meanP; 


17 [x,y]=hist(10*log10(PAPR2), [4:0.2:13]); 
18 semilogy(y,1-cumsum(x/sum(x)),'r—!') 
19 «grid 
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Figure 7.6 CCDF of the OFDM PAPR for various number of subcarriers. 
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7.2.4 Performance in Multipath Channel 


A transmitted signal may arrive at a receiver either directly (i.e. line-of-sight [LOS]) or after being 
reflected from various objects in the environment (i.e. non-LOS [NLOS]). These reflected signals 
from different surfaces travel through different paths and accordingly reach the transmitter with 
different delays and gains. This propagation environment is usually referred to as a multipath chan- 
nel and illustrated in Figure 7.7. Multipath propagation creates small-scale (a.k.a. Rayleigh) fading 
effects on the received signal, as shown in Figure 7.8. The performance of OFDM systems in time 
and frequency-dispersive multipath channels is described in this section. 


7.2.4.1 Time-Dispersive Multipath Channel 

The multipath channel causes dispersion in the time domain and produces ISI. The dispersion 
in the time domain might lead to a frequency-selective fading, depending on the transmission 
bandwidth of the signal. The coherence bandwidth of the channel (B,) is defined as the band- 
width, in which the channel frequency response can be considered as flat (i.e. highly correlated). 
It is inversely proportional to the delay spread in the propagation environment. When the trans- 
mission bandwidth exceeds the coherence bandwidth of the channel, the signal experiences a 
frequency-selective fading. 

The frequency-selective fading and ISI result in significant communication performance degra- 
dation. Channel equalizers are used to compensate for the ISI effect of the multipath channel. The 
complexity of these equalizers depends on the number of resolvable channel taps. Single-carrier 
systems transceive signals with shorter symbol duration compared to multi-carrier systems, which 
utilize the same transmission bandwidth, and they resolve more channel taps. As a result, sophis- 
ticated equalizers are required for broadband single-carrier systems. 

OFDM has been promoted for broadband communications due to its high performance in 
time-dispersive channels. The bandwidth of each subcarrier is set to be less than the coherence 
bandwidth of the channel. Hence, each subcarrier experiences a single-tap flat fading channel, 
and no complex multi-tap channel equalizer is needed. To avoid the multipath components that 
leak from the tail of the previous symbol to the head of the following symbol, OFDM symbol 
duration is extended by adding a guard interval with a period of T, to the beginning of each symbol 
either with zero-padding (ZP) or CP. Figure 7.9 illustrates the effect of time-dispersive multipath 
channel on OFDM symbols and the use of the CP to avoid ISI. The guard interval should be longer 
than the maximum excess delay of the channel, which is defined as the delay between the first 
and last received paths over the channel. 


Figure 7.7. Wireless communications in the 
presence of a multipath propagation. (¢)- 
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Figure 7.8 Time- and frequency-dispersive multipath channel. 


The utilization of CP ismore common than ZP due to its advantages against various impairments, 
as discussed in the following section. It should be noted that the CP constitutes redundant infor- 
mation, and hence, it reduces the spectral efficiency. Also, a portion of the transmission power is 
wasted for CP, and it reduces the power efficiency as well. The CP duration is hard-coded in 4G 
LTE and does not take into account the individual user’s channel delay spread. As a result, the fixed 
guard interval leads to a degradation in the spectral and power efficiencies. 

The channel can be considered as a filter, and a transmitted signal arrives at a receiver after 
convolving with the channel. This convolution operation in the time domain corresponds to a mul- 
tiplication operation in the frequency domain if the channel is circular. The CP part of the OFDM 
signal ensures the circularity of the channel and enables easy FDE with a simple multiplication 
operation. Assuming the channel is slowly varying in time, the received signal at each subcarrier 
can be expressed as follows: 


Yinlk) = X,,(A(K), (7.10) 
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Figure 7.9 Effect of time-dispersive multipath channel on OFDM symbols and the use of the CP to 
avoid ISI. 


where H(k) represents the complex channel frequency response, which is assumed to be constant 
within a subframe. It should be noted that the channel frequency response is subcarrier-dependent, 
as shown in Figure 7.10. However, the variation across the subcarriers is smooth. In other words, the 
channel frequency response of closely spaced subcarriers is correlated. Once the channel frequency 
response is estimated, the equalization can be performed as shown below: 
Xn( KH (k)H*(k) 

|H(k)|? 

The BER performance of OFDM in time-dispersive/frequency-selective multipath fading chan- 
nel could be poor due to the deep fadings in some carriers. In single-carrier systems with perfect 
channel equalization capability, multipath time dispersion allows path diversity, and in theory, 
it provides a BER performance close to the AWGN channel. However, in OFDM, the path diver- 
sity is lost as OFDM converts the frequency-selective channel to frequency flat channel for each 
subcarrier. Each subcarrier experiences a random fading with an envelope that has a Rayleigh dis- 
tribution. The error floor and poor performance in fading channels can be handled with the forward 
error correction (FEC) and frequency interleaving mechanisms. The following Matlab script sim- 
ulates an OFDM system in both AWGN and multipath fading channel. Figure 7.11 presents the 
corresponding BER performance of OFDM system. 


(7.11) 


Y equalized (k) -_ 
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Figure 7.10 Effect of time-dispersive (i.e. frequency selective) channel on OFDM subcarriers. 
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Figure 7.11 BER performance of OFDM in time-dispersive multipath channel and AWGN channel. 
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1 
2 SNR=[0 2 4 6 8 10 15 20 30]; 
3 N=256; 

4 CP_size=1/4; 

5 G=N*CP_size; 
6 

7 

8 

9 


num=1:1000 

symbols=2* (randn(1,N)>0)-1; 

time=ifft (symbols) *sqrt (N); 
10 time_cp=[time ( -N*CP_size+l: ) time]; 
1 L=7; 
12 cir=(randn(1,L)+j*randn(1,L))/sqrt(2)/sqrt(L); 
13 ctr=tftt (err, N,)?7 
14 noise = 1/sqrt(2)*(randn(1,N+G) + j*randn(1,N+G)); 
15 rec_fading=filter(cir,1,time_cp) ; 
16 rec_fading=rec_fading; 


7 rec_awgn=time_cp; 

18 

19 kk=1: length (SNR) 

20 rec_fading_noisy = rec_fading + noise*10*(-SNR(kk)/20); 

21 rec_awgn_noisy = rec_awgn + noise*10*(-SNR(kk)/20); 

22 rec_fading_freq= fft(rec_fading_noisy(Gtl: ))/sqrt (N); 

23 rec_fading_eqz=sign (real (rec_fading_freq.* conj(cfr)./(abs(cfr).*2))); 
24 rec_awgn_bits= sign(real(fft(rec_awgn_noisy(Gt1: ))/sqrt(N))); 

25 BER_fading (num, kk) =length(find(rec_fading_eqz#symbols) ) /N; 

26 BER_awgn(num,kk)= length(find(rec_awgn_bits¥symbols))/ N; 


30 figure(1);clf 


31 semilogy(SNR,mean(BER_fading),'r-*', 'LineWidth',2) 
32 hold 

33 semilogy(SNR,mean(BER_awgn), 'k-o', 'LineWidth',2) 
34 xlabel('SNR (dB)'); ylabel('BER'); grid; 


35 legend('M ipath dispersive channel', 'AWGN hannel') 


7.2.4.2 Frequency-Dispersive Multipath Channel 

Mobility in free space or In the previous sections line-of-sight (LOS) multipath propagation envi- 
ronments, where a single dominant multipath component exists, leads to a Doppler shift issue. 
Handling the Doppler shift is straightforward, and pilot-based techniques can be used to estimate 
and compensate the frequency offset resulting from the Doppler shift effect. However, if the num- 
ber of multipath components is large, and they arrive at a receiver from different angles, Doppler 
spread occurs. Doppler spread is a combination of different Doppler shifts, and unlike the Doppler 
shift issue, it is hard to deal with due to its random nature. 

Mobility in a multipath channel causes dispersion in the frequency domain and produces 
inter-carrier interference (ICI) for OFDM systems. The dispersion in the frequency domain might 
lead to a time-selective fading, depending on the symbol duration of the signal. The coherence 
time of the channel (T,) is defined as the duration, in which the channel time response can be 
considered as flat (i.e. highly correlated). It is inversely proportional to the Doppler spread in the 
propagation environment. When the symbol duration exceeds the coherence time of the channel, 
the signal experiences a time-selective fading. 

The maximum Doppler shift occurs when a multipath component and the direction of mobil- 
ity are aligned (i.e. the angle of arrival is 0° or 180° with respect to the direction of travel). The 
maximum Doppler shift can be calculated as follows: 


== — 7.12 
Vance Pj Cc > ( ) 


where v is the speed of the mobile, f, is the carrier frequency, and c is the speed of the light. The ICI 
created by Doppler spread can degrade the performance of OFDM systems seriously. A theoretical 
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ICI power derivation due to Doppler spread issue [21] and a universal upper bound [22] are given 
respectively in the following equations: 


N 
Gamal dr 1 
Pict = i (7.13) 
2 fal (k — i)? 
21 T. 
Pict S al =, (7.14) 


Figure 7.12 shows the effect of Doppler spread on ICI power as a function of normalized Doppler 
spread with respect to the subcarrier spacing. The results are obtained through analytical equations 
above and numerical evaluation using the below Matlab script. As the mobility (e.g. vehicular 
speed) increases, the maximum Doppler shift and spectral spreading increases as well. Accordingly, 
it leads to more ICI and degrades the communication system performance. 


1 
2 

3 

4 frame=[]; 

5 kk=1:1000 

6 N=256; 

7 CP_size=1/4; 

8 G=N*CP_size; 

9 used_subc_indices=[1:1:N/2-1 N/241:1:N]; 
10 

lu symbols=2* (randn(1,N)>0)-1; 

12 to_ifft=zeros(1,N); 

13 to_ifft (used_subc_indices) =symbols (used_subc_indices) ; 
14 time=ifft(to_ifft); 

15 time_cp=[time ( -N*CP_sizetl: ) time]; 
16 

7 frame=[frame time_cp]; 

18 

19 

20 kk=1: length (fd_normalized) 

21 

22 f_inst=fd_normalized(kk) ; 

23 CHAN = rayleighchan(1/N, f_inst); 

24 

25 

26 y=filter (CHAN, frame) ; 

27 

28 xl=vec2mat (y,N+G) ; 

29 xll=x1(:,G+1: Ae 

30 EL =fPe (x1. hy 

31 ICI (kk) =mean (abs (xf1(N/2,:)).*2); 

32 

33 plot (fd_normalized,10*logl0(ICI),'k:d') 


7.2.5 Performance with Impairments 


Several impairments degrade the performance of OFDM systems if the system is not properly 
designed. The integrated design and research for the baseband and RF challenges of OFDM systems 
require a thorough understanding of these impairments. This section presents critical impairments 
and their effects on OFDM systems. Also, the measurement of these impairments are investigated 
using various tools that are discussed in previous chapters. 


7.2 Generic OFDM System Design and Its Evaluation 


-15+ 


ICI power (dB) 
ib 
= 


a —— Universal upper bound 
rd - - Theory 
25+ A --Q- Simulation 4 
E 

307 # J 
KE 
4 

35 1 1 1 1 1 
0 0.05 0.1 0.15 0.2 0.25 0.3 


Normalized doppler 


Figure 7.12 ICI effect of frequency-dispersive multipath channel on OFDM. 


7.2.5.1 Frequency Offset 
The frequency offset occurs when there is a difference between the transmitter local oscillator and 
receiver local oscillator. It results in ICI and destroys the orthogonality of subcarriers. The fre- 
quency offset is usually compensated using adaptive frequency correction (AFC); however, any 
residual error results in degraded system performance. 

Assume a time-domain OFDM signal which encounters a frequency offset issue as given below, 

IFFT Frequency Offset FFT 
X(k) > x(n) aad y(n) > Y(k), (7.15) 

where y(n) represents the received baseband signal with frequency offset error, and Y(k) denotes 
the recovered data symbols. After going through detailed derivation, the recovered symbols can be 
related to the transmitted symbols considering a frequency offset of f, as follows: 


N-1 
Valk) & Xn KSm(Ks k) + Y Xm DSn(L KO, (7.16) 
1=0,I¢k 
where 
sin(z(1 = k ar €)) jx(I— j2xe(m—-1 Ns j2me NaN 
1, k) = ———__— eit kt) piancim x N Tat 
Sm(b k) a(l—k+e) . . > ( ) 
6 
e= of (7.18) 


Af 
The first term in Eq. (7.16) is equal to the transmitted symbol multiplied with an attenuation 
and phase rotation term that depends on e and OFDM symbol index (please note that it does not 
depend on subcarrier index k, and hence the effect of frequency offset on the subcarriers is the 
same for all carriers). Therefore, S,,,(k, k) term introduces a constant phase shift of 2temN,/N and 
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an attenuation of sin(ze)/ze in magnitude. In addition to the attenuation of desired symbols, there 
is also interference between subcarriers. The second term in Eq. (7.16) represents the interference 
from other subcarriers, which is often referred to as ICI. 

The following Matlab script simulates the effect of frequency offset considering a simple OFDM 
system. Correspondingly, Figure 7.13 shows the effect of frequency offset on the constellation of 
received symbols. It should be noted that the frequency offset error introduces both phase rota- 
tion and ICI. The phase rotation can be handled by simple pilot-based phase-tracking techniques. 
However, ICI creates a circular noise-like effect on the constellation and needs and requires more 
advanced receiver algorithms. 


1 
2 

3  num_OFDM_symbols=2; 
4 frame=[]; 

5 params.fft_size=256; 
6 N=params.fft_size; 
7 CP_size=1/4; 

8 

9 


ii=1:num_OFDM_symbols 
10 symbols= gammod( floor(rand(1,N)*4) ,4); 
1 tx_symbols(ii,:)=symbols; 
12 used_subc_indices=1:1:256; 
13 to_ifft=zeros(1,params.fft_size)j; 
14 to_ifft (used_subc_indices) =symbols (used_subc_indices) ; 
15 time=ifft (to_ifft); 
16 time_cp=[time ( -N*CP_size+l: ) time]; 
7 frame=[frame time_cp]; 


20 f_offset=.1; 

21. frame_o=frame.*exp(j*2*pi*f_offset*[1:length(frame) ]/N) ; 
22 rx=frame_o(N*CP_size+1:N*CP_size+N) ; 

2 rx_f=-fft(rx,params.fft_size); 

24 scatterplot(rx_f) 
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Figure 7.13 Effect of frequency offset on the constellation of the received symbols. 
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The ICI power due to the frequency offset can be theoretically calculated using the following 
equation [1]: 


N-1 2 PIE’ 
Prcr =E De Kan k) = 3 (=) > (7.19) 


where f, is the fractional frequency offset and Af is the subcarrier spacing. The following Matlab 
script calculates the ICI power due to the frequency offset using Eq. (7.19) and compares it with 
numerical evaluation results as illustrated in Figure 7.14. 


1 
2 

3 df=0.01:0.01:0.7; 

4 PeiH (pis 2/3) *dE 72; 

5 plot (df£,10*log10 (ici) ) 

6 grid 

7 hold on 

8 

9 

10 df=0.01:0.01:0.7; 

u of=1:length (df) 

12 f_offset=df (of); 

13 

14 kk=1:10000 

15 

16 

7 N=256; 

18 CP_size=1/4; 

19 

20 used_subc_indices=[1:1:N/2-1 N/2+1:1:N]; 
21 

22 symbols=2* (randn(1,N)>0)-1; 

23 to_ifft=zeros(1,N); 

24 to_ifft (used_subc_indices) =symbols (used_subc_indices) ; 
25 time=ifft(to_ifft); 

26 time_cp=[time ( -N*CP_sizetl: ) time]; 
27 

28 

29 frame_o=time_cp.*exp(j*2*pi*f_offset*[1:length(time_cp) ]/N) ; 
30 rx=frame_o(N*CP_size+1:N*CP_size+N) ; 

31 rx_f=fft(rx,N); 

32 ici(kk)=abs (rx_f(N/2)).*2; 

33 

34 

35 

36 av_ICI (of)=mean(ici); 

37 

38 

39 plot (df£,10*log10(av_ICI),'r—') 

40 legend('theory', 'simulation') 

41 xlabel('Norma ed frequer »ffset') 

42 ylabel('ICI £ Ys) 

43 grid 


The following Matlab script demonstrates the impact of an active subcarrier on other subcarriers 
as a function of frequency offset and spacing between the active subcarrier and the subcarriers 
that it interferes with. The evaluation results are illustrated in Figure 7.15. As the frequency offset 
increases, the ICI power that a subcarrier creates on the neighboring subcarriers increases as well. 
Also, the ICI effect from an active subcarrier to the neighboring subcarriers can be formulated as 
follows: 

2 
Prcr(k) = |sin c (« - *) ; (7.20) 
Af 
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Figure 7.14 ICI effect of frequency offset on OFDM. 


1 
2 r 
3 N=256; 

4 CP_size=1/4; 

5 used_subc_indices=N/2; 

6 symbols=1; 

7 to_ifft=zeros(1,N); 

8 to_ifft(used_subc_indices)=symbols; 

9 time=ifft(to_ifft); 

lo time_cp=[time ( -N*CP_sizet+l: ) time]; 


12 f_offset=0.01; 
13. frame_o=time_cp.*exp(j*2*pi*f_offset*[1:length(time_cp)]/N); 


15 xrx=frame_o(N*CP_sizet+1l:N*CP_size4N) ; 
le xvx_f=fft(rx,N); 

17. plot(10*log10(abs(rx_f).*2)) 

18 hold 


22 k=-127:1:128; 
23 ici=abs(sinc(k-f_offset)).*2; 
24 plot(10*logl0(ici),'ro—"') 


25 legend('simulation theory') 
26 xlabel('carr ndex') 
27. ylabel('ICI power') 


When the frequency offset amount is large, the impact is not only ICI but also the shift of sub- 
carriers, which leads to the demodulated data at the receiver being in a wrong subcarrier position 
with respect to the subcarrier mapping deployed at the transmitter. For large values of frequency 
offset, the offset can be split into integer and fractional parts f,,401 = fin +f, = TAS + eAf, where 
is an integer and —0.5 < e < 0.5. The fractional part causes ICI, as discussed above in detail. The 
integer part corresponds to the multiples of the subcarrier spacing Af, which can cause subcar- 
rier shift to the left or right depending on the sign of the offset. In other words, the symbol that is 
transmitted on the kth subcarrier appears on the neighboring carriers. Although the integer part of 
the frequency offset creates a significant problem, estimating it is quite easy, especially when pilots 
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Figure 7.15 ICI effect of frequency offset from an active subcarrier to the neighboring subcarriers. 


are transmitted along with data. The offset can be estimated by correlating the known pilots with 
the received signal, and the frequency offset is compensated accordingly. 


7.2.5.2 Symbol Timing Error 

In OFDM systems, the symbol timing synchronization errors at the receiver causes two major prob- 
lems depending on whether the timing error is toward the left of the perfect synchronization point 
or the right. 

When the timing synchronization error is to the left of the perfect synchronization position, the 
timing error only leads to a rotation of symbols for small offset values. However, if the timing offset 
is large, it causes ISI as well. Usually, the CP duration T, is selected larger than the maximum 
excess delay of the channel r,,,.. Therefore, we have an error margin of T, — 1,,,,. If the timing 
position is shifted to a point within this margin of the CP duration, then, only subcarrier-dependent 
phase rotation is observed. However, if the shift is larger than this margin, then ISI occurs as well. 
Rotation of symbols can be folded into the estimated channel and corrected easily if the timing 
offset is smaller than the unused part of the CP. The unused part of the CP is the part, which does 
not interfere with the previous symbol. 

Assume a time-domain OFDM signal which encounters time offset issue as given below, 

IFFT Symbol Timing Error FFT 
X(k) > x(n) us y(n) > Y(k). (7.21) 
where transmitted symbols are represented with X(k), and the baseband equivalent of the 
time-domain signal is represented with x(n). The symbol timing error is a result of an incorrect 
start position assumption of the OFDM symbol. Therefore, y(n) is nothing but the shifted version 
of x(n) in the time domain. For example, if there is a timing error of 0,, y(n) can be expressed as 
follows: 


y(n) = x(n + 8,) (7.22) 


N-1 
2 


= Vxwer re, (7.23) 
k=0 
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The sign of 6, depends on whether the sampling is done before the exact start position or after the 
exact position. In the following step, Y(k) can be calculated from y(n) using FFT as follows: 


Y(k) = iy Berton fe ca 


(7.24) 


Equation (7.24) shows that the timing offset of 6, causes only rotation on the recovered data 
symbols. Also, the value of the recovered symbol depends only on the transmitted data but not on 
the neighboring carriers. In other words, the symbol timing error does not destroy the orthogonality 
of the subcarriers, and the effect of timing error is a phase rotation that linearly changes with the 
carriers’ order. 

When the timing synchronization error is to the right of the perfect synchronization position, 
the timing offset causes ISI, ICI, and phase rotation. This type of timing error is undesirable since 
it causes loss of subcarrier orthogonality and leakage to the next OFDM symbol, which leads to ICI 
and ISI, respectively. As a result, the symbol timing is often intentionally slightly shifted toward 
the CP (i.e. toward the left of the actual estimated timing position), so that any possible error in 
symbol timing estimation that might create the loss of orthogonality can be avoided. Even though 
this intentional bias in synchronization prevents the loss of orthogonality of the subcarriers and 
ICI, it results in the effective channel frequency response to be less correlated due to the additional 
subcarrier-dependent phase shift. As a result, the channel estimation performance degrades since 
the noise averaging effect is reduced. However, a well-designed channel estimation algorithm can 
take care of this problem. 
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Figure 7.16 Effect of symbol timing error on the constellation of the received symbols and channel 


frequency response. (a) No timing offset. (b) Timing offset within CP. (c) Rotation of the effective CFR due to 
timing offset. (d) Timing offset outside CP. 


7.2 Generic OFDM System Design and Its Evaluation 


The following Matlab script evaluates the effects of symbol timing offset and the results are illus- 
trated in Figure 7.16. 


N=256; 

params. fft_size=256; 
used_subc_indices=1:1:256; 
CP_size=1/4; 

lo symbols=2* (randn(1,N)>0)-1; 
ll to_ifft=zeros(1,N); 

12. to_ifft (used_subc_indices)=symbols(used_subc_indices) ; 
3 time=ifft(to_ifft); 

144 time_cp=[time ( -N*CP_size+l: ) time]; 

15 rx=time_cp(N*CP_sizetl: ae 

16 subplot (2,2,1) 

17 -exb=fiecex) F 

ig «plot (real(rx_f),imag(rx_f),'0') 

19 axis([-1.1 1.1 -1.1 1.1]) 

20 «title('(a) no timing offset') 

21 subplot(2,2,2) 

22 t_offset=-3; 

23 rx=time_cp(N*CP_size+l+t_offset: +t_offset); 
240«6rx_f=fft(rx); 

2 plot(real(rx_f),imag(rx_f),'0') 

2 title('(b) with ng offset within CP") 

27. axis([-1.1 1.1 -1.1 1.1]) 

28 «subplot (2,2,3) 

29 plot (real(rx_f.*conj (symbols) ) 
30 title('(c) Rotation of the ef 


eCnmiu nner wne 


33 num_OFDM_symbols=2; 
34 frame=[]; 

35 N=256; 

36 CP_size=1/4; 


38 ii=1:num_OFDM_symbols 
39 symbols=2* (randn(1,N)>0)-1; 
40 tx_symbols(ii,:)=symbols; 


41 used_subc_indices=1:1:256; 

42 to_ifft=zeros(1,params.fft_size); 

43 to_ifft (used_subc_indices)=symbols (used_subc_indices) ; 
44 time=ifft (to_ifft); 


46 time_cp=[time ( -N*CP_size+l: ) time]; 
47 frame=[frame time_cp]; 


50 t_offset=3; 

51 rx=frame(N*CP_size+1l+t_offset:N*CP_size+t_offset+N) ; 
$2. 2x f=ftt (rx) 3 

53 subplot (2,2, 4) 

54 plot (real(rx_f),imag(rx_f),'0') 

55 title('(d) with timing offset outside CP') 


As mentioned earlier, the use of CP in OFDM avoids the ISI. However, there is another advan- 
tage of the use of CP. As discussed above, when there is a timing offset in the synchronization, 
and if the timing offset falls within the ISI-free part of the CP interval, the system still maintains 
orthogonality. If ZP is used instead of CP, the system has immunity against ISI, but it cannot main- 
tain the orthogonality if there is any timing offset in the synchronization. Therefore, the use of CP 
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is preferred in OFDM systems compared to the use of ZP in general. The following Matlab script 
compares the CP and ZP when there is a symbol timing offset in an OFDM system. 


1 
} 

3 params.fft_size=256; 
4 num_OFDM_symbols=100; 
5 frame=[]; 

6 framel=[]; 

7 N=256; 

8 CP_size=1/4; 

9 


10 ii=1:num_OFDM_symbols 

oe symbols= gqammod( floor(rand(1,N)*4) ,4); 

12 used_subc_indices=1:1:256; 

13 to_ifft=zeros(1l,params.fft_size); 

14 to_ifft (used_subc_indices) =symbols (used_subc_indices) ; 
15 time=ifft(to_ifft); 


17 time_cp=[time ( -N*CP_size+l: ) time]; 
18 time_zp=[zeros(1,N*CP_size) time]; 
19 frame=[frame time_cp]; 


20 framel=[framel time_zp]; 


23 t_offset=-9; 

24 rx=frame(N*CP_size+l+t_offset:N*CP_size+t_offset+N) ; 
25; Ex -fSttt(rs).7 

2 scatterplot (rx_f) 


28 rxl=framel (N*CP_size+l+t_offset:N*CP_sizet+t_offset+N) ; 
29° ex fl=fft(rxl); 
30 scatterplot (rx_f1) 


7.2.5.3 Sampling Clock Offset 

The clock timing difference between the transmitter and receiver causes a sampling clock (or some- 
times referred to as sample timing) error. The sampling clock error can be ignored for a small 
number of subcarriers or a low number of symbols within a given subframe. The sampling error 
causes subcarrier and symbol-dependent rotation in the received symbols. When there is a sam- 
pling error, the recovered symbols can be related to the transmitted symbols as follows: 


janmkéNg 


Ya(k) =X,(Ke x, (7.25) 


where € is the relative clock deviation of the reference oscillator, N, = N + N, with N, being the 
number of samples used for the CP. It should be noted that the rotation increases as the subcarrier 
and symbol index grows. In other words, the effect of sampling clock error is more in the higher 
indexed subcarriers and the later symbols of the subframe. 

Figure 7.17 shows an example of the effect of sampling clock offset in OFDM systems. The sam- 
pling clock offset effect increases while moving away from the center subcarrier (i.e. toward the 
edge carriers). Also, the average error vector magnitude (EVM) over all subcarriers increases as the 
symbol index increases. 

The sampling clock offset can be simulated by resampling the time signal and creating an inten- 
tional clock offset. For example, the following Matlab script simulates an OFDM system with a 
sampling clock offset of 900 ppm. 
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Figure 7.17 Effect of sampling clock offset on OFDM subcarriers and symbols. 


1 e e 
2 

3 

4 num_OFDM_symbols=100; 

5 frame=[]; 

6 N=1024; 

7 CP_size=1/4; 

8 

9 ii=1:num_OFDM_symbols 

10 symbols= gqammod( floor(rand(1,N)*4) ,4); 

ll used_subc_indices=1:1:N; 

12 to_ifft=zeros(1,N); 

13 to_ifft (used_subc_indices) =symbols (used_subc_indices) ; 
14 time=ifft(to_ifft); 

15 time_cp= [time ( -N*CP_sizet+l: ) time]; 

16 frame=[frame time_cp]; 


20 framel=resample (frame, 10000,10009); 
21 rx=framel (N*CP_size+1:N*CP_size+N) ; 
22 rx_f=fft (rx); 


24 scatterplot (rx_f) 


7.2.5.4 Phase Noise 

The phase noise is a random process as similar to Doppler spread, and it causes three major prob- 
lems in OFDM systems: common phase offset, power degradation, and ICI. Assuming an OFDM 
signal, which is only affected by phase noise (¢(n)) at the receiver, the received time-domain signal 
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can be expressed as follows: 
Vn(N) = X_(njelon™, (7.26) 


Assuming that the phase offset is small (i.e. #?” ~ 1 + jp(n)), the recovered symbols is expressed 
in the following form: 


N-1 
Y,,(k) © X,,(k) { 1+ ix Yon \ (7.27) 
n=0 
a 


Common phase term 
N-1 N-1 
> Xn(0) Y bm(0) . gi2a/N\r-kn 
r=0,r#k n=0 


ce 


ICI term 


+ 


ZI\ 


The common phase term in Eq. (7.27) introduces a rotation to the constellations. This rotation 
is the same for all subcarriers, and it is representative of the average phase noise. When the phase 
noise is small, the common phase term is the dominant phase noise effect, and it accumulates over 
time (i.e. the variance increases over time). The problems associated with this term can be avoided 
easily using a carefully implemented pilot-based tracking. 

The last term in Eq. (7.27) represents the leakage from neighboring subcarriers (i.e. ICI) and 

illustrated in Figure 7.18. This term cannot be corrected since both phase offset (¢,,,(m)) and input 
data sequence (X,,(n)) are random. Therefore, it causes signal-to-noise ratio (SNR) degradation 
of the overall system. The only way to reduce the interference due to this term is to improve the 
performance of the oscillator with the associated cost increase. The ICI power due to the phase 
noise can be approximately modeled as follows [23]: 
p. ~ *BsanTsEEn 
1h =! — > igs = 
where B, 4, represents the two-sided 3 dB bandwidth (i.e. the frequency spacing between 3-dB 
points of its Lorentzian power spectral density [23, 24]), T, is the OFDM symbol duration, and 
E, and E,, represent the symbol energy and channel power, respectively, which are often normal- 
ized to unity. Accordingly, the signal-to-phase-noise-interference-ratio (SPNIR) can be expressed 
as follows [23]: 


: (7.28) 


ia 7B; apls 
3 
TBs apls 
3 


SPNIR = (7.29) 


The numerator in the above equation includes signal power degradation due to phase noise. It 
should also be noted that Eq. (7.29) assumes no other noise and interference in the system. 


7.2.5.5 PA Nonlinearities 

PAs can operate as linear devices only for limited input power, and they distort the transmitted 
signal beyond a certain input power. The linear and nonlinear operating regions of a PA can be 
defined with respect to its 1-dB compression point, where the output power of a PA is reduced by 
1 dB as shown in Figure 7.19a. Also, the saturation effect can be seen clearly in Figure 7.19b by 
checking the signal power variance between the PA input and PA output. To minimize its power 
consumption and operate at its highest efficiency, a PA is ideally operated close to its saturation 
point. However, beyond the saturation point, the PA nonlinearity causes several problems, such 
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Figure 7.19 PA characteristics: (a) PA input power versus output power characteristics curve. (b) Power 
CCDF curve of PA input and PA output. 


as amplitude-to-amplitude (AM-AM) distortion, amplitude-to-phase (AM-PM) distortion, spec- 
tral regrowth, harmonic distortion, intermodulation distortion, SNR degradation, and modulation 
inaccuracy. For example, the power back-off technique is widely used in current wireless technolo- 
gies to remedy the problems due to wide signal dynamic ranges. However, this technique sacrifices 
efficiency and increases power consumption. On the other hand, baseband linearization techniques 
are utilized to pre-distort the signal and compensate for the nonlinear effects of PAs. 

One of the classical and commonly used nonlinear PA model is Saleh’s PA model [25]. It is a 
simple nonlinear model without memory, and it is defined by only two parameters a and f. The 
model uses two functions to model the AM-AM and AM-PM characteristics of nonlinear amplifiers. 
It should be noted that a and f are different for each function. For a given PA, these two parameters 
(i.e. a and f) can be extracted using a least-squares approximation to minimize the relative error 
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between the target PA measurements and the predictions by the model. The amplitude and phase 
equations determining the distortions can be modeled as follows: 


A(r) = al, (7.30) 
1+ B,r? 
and 
Pye apr? (7.31) 
1+ fpr? 
where r(t) represents the envelope of the PA input signal. The input signal is expressed as follows: 
S,,(t) = r(t) cos(2zf,t + y(t), (7.32) 


where f, is the carrier frequency and y(t) is the phase of the input signal. The output of PA can be 
derived as follows: 


Sour(t) = AVP) cos(2af,t + w(t) + P(r(t)). (7.33) 


The effect of PA nonlinearities in OFDM is more significant compared to single-carrier systems, 
since OFDM systems have a higher PAPR that requires the PAs to be operated in the linear region. 
The nonlinear PAs cause distortions to the OFDM signal both in-band and out-of-band, which have 
a severe impact on the communication performance. To see these distortions, an OFDM signal is 
generated and passed through PA using the Saleh’s PA model above in the following Matlab script. 


1 
2.0 Fand = [ay 34-24 5.07 L015 

3 i=1:4 

4 num_OFDM_symbols=1000; 

5 frame_l=[]; 

6 N=1024; 

7 CP_size=1/4; 

8 mod_order=16; 

9 

10 ii=1:num_OFDM_symbols 

u symbols= gqammod( floor(rand(1,N)*mod_order) ,mod_order) ; 
12 used_subc_indices=256:1:N-256; 

13 to_ifft=zeros(1,N); 

14 to_ifft (used_subc_indices)=symbols (used_subc_indices) ; 
15 tx_symbols(ii,:)=to_ifft; 

16 time=ifft(to_ifft); 

17 time_cp=[time ( -N*CP_size+l: ) time]; 

18 frame_1l=[frame_l time_cp]; 

19 

20 

21 frame=frame_1*i_ind(i); 

22 

23 

24 alpha_A=11.534; beta_A= 1.6242; 

25 alpha_P=11.431; beta_P=39.071; 

26 

27 amp_f=(alpha_A*abs (frame) ) ./(1+beta_A*abs (frame) .*2); 

28 angle_f=(alpha_P*abs (frame) .*2)./(1+beta_P*abs (frame) .*2); 
29 f_dist=(amp_f./abs(frame) ).*frame.*exp(j*angle_f); 

30 

31 [Pxx1,F]=pwelch(f_dist, [],[],2048,1,'twosided'); 

32 plot (F,10*10g10 (Pxx1), 'LineWidth',1.1) 

33 xlabel(') alized Frequen ') 

34 ylabel('P er (dB/Hz)"') 

35 grid on; hold on 

36 


The effect of PA nonlinearity is shown on the constellation in Figure 7.20a. The constellation 
is noisy due to the in-band interference created by the PA. Furthermore, Figure 7.20b illustrates 
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Figure 7.20 (a) Effect of PA nonlinearities on the constellation of received symbols. (b) Effect of PA 
nonlinearities on the spectrum. 


the spectrum of the PA output. The PA nonlinearities lead to spectral regrowth and out-of-band 
distortions accordingly for the OFDM signal under test. To overcome PA nonlinearities, the PAPR 
of OFDM should be reduced using various techniques such as amplifier back-off and various pre- 
coding strategies. 


7.2.5.6 1/0 Impairments 

One of the major impacts of the in-phase and quadrature-phase (I/Q) modulators in OFDM sys- 
tems is that they introduce interference between the modulated symbols on the image carriers. The 
image carriers are the carriers, which are equally spaced with respect to the direct current (DC) car- 
rier. For example, for an FFT size of N, if the DC carrier is indexed as the carrier number N/2, the 
carriers N/2 + k and N/2 — k are called as image carriers where k is the carrier away from the DC 
carrier. Therefore, the received signal at every carrier of interest (let’s say kth carrier) is dependent 
on the symbol transmitted on that carrier as well as the symbol transmitted on the opposite image 
carrier (i.e. —kth carrier). As a result, the image carrier causes interference on the carrier of inter- 
est. Depending on the transmission on the image carrier, it causes self- or multi-access interference. 
If the transmission on the image carrier belongs to the same user, it causes self-interference. For 
example, in a time division multiple access (TDMA)-based OFDM system, the type of interference 
is the self-interference. On the other hand, if the image carrier transmission belongs to another 
user, it causes multi-access interference. For example, in OFDMA systems, the interference can be 
both self- or multi-access interference. 

1/Q modulator modulates the in-phase “I” and quadrature-phase “Q” components with 
high-frequency carriers. The transmitted signal that goes through the I/Q vector modulator expe- 
riences several levels of signal distortion due to imperfections in the I/Q modulator. The major 
I/Q impairments can be classified as I/Q offset, I/Q gain imbalance, and I/Q quadrature-error. I/Q 
offset, which is also called as I/Q origin offset or carrier leakage, indicates the magnitude of the 
carrier feedthrough. I/Q offset can be observed as an offset in the constellation. Gain mismatch 
or gain imbalance results in the amplitude of one channel being smaller than the other. The 
baseband model of I/Q origin offset and I/Q gain imbalance that are introduced into time-domain 
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transmitted signal can be represented as follows: 
Vm) = 1,R{X,,(12)} + jfQ,S{X,_(2)} +1, + jQo, (7.34) 


where {x} represents the real part of x, S{x} represents the imaginary part of x, and I, and Q, 
represent the gains in J and Q branches, respectively. Similarly, J, and Q, represent the offsets in 
I and Q branches, respectively. When I, = Q,, the I/Q imbalance becomes zero, and when both I, 
and Q, are zero, there is no I/Q offset. 

Quadrature skew error indicates the orthogonal error between the I and Q signals. Ideally, I and 
Q channels should be exactly orthogonal (i.e. 90° apart). When the orthogonality is not ideal, then 
a quadrature error is observed. For example, the following model shows the quadrature offset that 
is introduced into the time-domain signal: 


Vn() = R{X,(1)} + S{Xp_(1)} sin) + jS(X,,(n)) cos(C), (7.35) 


where ¢ is the quadrature error. When ¢ is equal to 0°, y,,(n) becomes equal to x,,,(n) (i.e. no quadra- 
ture error). 
The effect of I/Q gain imbalance and I/Q quadrature error on OFDM is illustrated in Figure 7.21. 
If the DC carrier, which is not used in various standards, is ignored, the transmitter I/Q impair- 
ments, excluding the origin offset, can be represented in a unified form in the frequency-domain 
transmitted samples as follows: 


Xin(k c,  Xm(-k 
ml “1, + Qe) 4 A 


X,,(k) = {I, — Qe“ }. (7.36) 


As can be seen from the above equation, the transmitted signal after the I/Q modulator at the kth 
carrier depends not only on the symbol that is allocated to the kth carrier but also to the symbol 
that is allocated to the —kth carrier. If these interferences are not handled properly at the receiver, 
they cause performance degradation. The I/Q modulator impairments also cause distortion in the 
signal amplitude and phase. However, this can be handled by a proper channel estimator, as the 
distortion effect can be folded into the effective channel frequency response. It should be noted that 
the I/Q impairments are assumed to be due to the transmitter I/Q modulator. Since the receiver I/Q 
modulator effects are known at the receiver, they can always be precomputed and precompensated 
at the receiver. 
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Figure 7.21 Effect of |/Q impairments on OFDM: (a) IQ gain imbalance, (b) |Q quadrature error. 


7.2 Generic OFDM System Design and Its Evaluation 


The following Matlab script simulates the I/Q impairments on OFDM. The effect of the I/Q 
impairments can be visualized through this script, either individually or collectively. 


1 
2 

3 num_OFDM_symbols=100; 

4 frame=[]; 

5 N=1024; 

6 CP_size=1/4; 

7 

8 ii=1:num_OFDM_symbols 

9 symbols= gqammod( floor(rand(1,N)*4) ,4); 

10 used_subc_indices=1:1:N; 

1 to_ifft=zeros(1,N); 

12 to_ifft (used_subc_indices) =symbols (used_subc_indices) ; 
13 time=ifft(to_ifft); 

14 time_cp=[time ( -N*CP_size+l: ) time]; 

15 frame=[frame time_cp]; 


19 I_offset=0; Q_offset=0; 
20 I_scale=2; Q_scale=1; 


23 zz=mean(abs(real(frame))); 
24 tx_signal = (I_offset + sqrt(-1)*Q_offset)*zz + 
2 I_scale*real(frame) + sqrt(-1)*Q_scale*imag(frame) ; 


28 quad_angle=10; 
29 angle_radian=quad_angle*pi/180; 


31 tx_signal=real(tx_signal)+imag(tx_signal)*sin(angle_radian) + 
32 sqrt (-1) *imag(tx_signal) *cos(angle_radian) ; 

33 rx=tx_signal (N*CP_size+1l:N*CP_size+tN) ; 

34. orx_f=fft(rx); 

35 scatterplot (rx_f) 


7.2.6 Summary of the OFDM Design Considerations 


Engineers/researchers need to consider several design parameters into account when designing an 


OFDM system that can be summarized as follows: 


e CP should be larger than maximum excess delay (T, > 7.) of the channel to prevent ISI. 


e To increase the spectrum efficiency, CP duration should not be a significant portion of original 


OFDM signal duration, i.e. T, << T,. 


e To reduce the impact of ICI, maximum Doppler spread should be within a manageable portion 
of subcarrier spacing, i.e. fy nay << Af, suggesting that the OFDM symbol duration should not 


be larger than the coherence time of the channel. 


e To minimize the impact of ICI against frequency offset, phase noise, etc., the subcarrier spacing 
should not be chosen small, which is conflicting with the goal of making the subcarrier spacing 
less than the coherence bandwidth of the channel to ensure that each subchannel experiences 


frequency flat fading channel. 


e FFT size and number of used subcarriers should be chosen wisely by considering PAPR, total 
allocated bandwidth, and desired data rate into account. Increasing the number of used carriers 


increases PAPR, bandwidth, and data rate. 


e Bit rate per subcarrier and the modulation order to be used depend on the signal-to-interference- 
plus-noise ratio (SINR) allowed, which is related to all the parameters above. Higher-order mod- 


ulations are more sensitive to ISI and ICI. 
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7.2.7 Coherent versus Differential OFDM 


The coherent OFDM signaling and detection require its receiver to estimate the channel accurately. 
The absolute phase information in each subcarrier needs to be known precisely. Also, the tim- 
ing synchronization accuracy must be within a level so that the phase of the channel frequency 
response does not change too fast, as it makes the channel tracking more difficult. On the other 
hand, differential signaling and detection does not require channel estimation as long as the chan- 
nel (both amplitude and phase) is approximately constant within differential interval. The differ- 
ential interval depends on the type of differential modulation. For OFDM, differential modulation 
can be applied either in time or in frequency. In the time-domain approach, differential modula- 
tion is applied on two consecutive OFDM symbols on the same subcarrier. On the other hand, in 
the frequency-domain approach, differential modulation is applied in two subsequent subcarriers 
of the same OFDM symbol. 

Although differential modulation does not require the channel or phase information and pro- 
vide significant saving in spectral efficiency and power by not transmitting training symbols and 
pilot symbols, the performance of differential modulation is approximately 3 dB worse compared 
to coherent modulation. Moreover, if the channel between the two consecutive differential inter- 
val changes due to various reasons, such as Doppler spread, oscillator frequency change, or timing 
jitter, the performance of the differential demodulator becomes even worse. It should be noted 
that as long as the change is the same for both symbols, the differential detector is not affected 
by the change. Therefore, the differential detector is very robust to common phase and amplitude 
changes between consecutive data symbols either in time or frequency. However, any change that 
affects one symbol more than the other has an impact on the performance of the differential detec- 
tor. For example, in the time-domain approach, the time variation of the channel between two 
OFDM symbols due to Doppler spread affects the phase and amplitude of the consecutive sym- 
bols differently. Similarly, random phase noise affects the two symbols differently, especially when 
the normalized linewidth (two-sided 3 dB bandwidth) of the oscillator is not negligibly small. In 
the frequency-domain approach, if the coherence bandwidth of the channel is less than or in the 
neighborhood of twice the subcarrier spacing, it indicates that the channels between two consec- 
utive subcarriers are different and affecting the performance of the differential detector. It should 
also be noted that the coherence bandwidth of the channel should not be less than a single sub- 
carrier spacing, as discussed earlier. Similarly, the frequency-domain approach is not robust to the 
timing offset as the timing offset introduces phase rotation in the frequency domain and leads to the 
subsequent subcarrier phases different from each other. More timing offset creates more difference 
and degradation in the performance of the frequency-domain differential detector. 

In the case of the time-domain approach, the first OFDM symbol of a frame should be known 
to allow the differential encoder to start with an initial value. Similarly, in the frequency-domain 
approach, the first subcarrier of each OFDM symbol should be a known pilot carrier. The following 
Matlab script simulates an OFDM system with differential encoding using both the time-domain 
and frequency-domain approaches. The maximum excess delay of the channel, Doppler spread of 
the channel, and other system parameters can be changed to observe the performances under var- 
ious scenarios. As can be seen from Figure 7.22 clearly, the time-domain approach is very sensitive 
to the Doppler spread. Doppler spread is a result of the channel variation in the time domain, 
and hence the channel between two consecutive OFDM symbols is different in this channel con- 
dition. Even though Doppler spread creates ICI in both the time-domain and frequency-domain 
approaches, the demodulator performance is lower in the time-domain approach due to 
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1 
2 SNR=[0 2 4 6 8 10 15 20 30]; 

3 N=64; 

4 CP_size=1/4; 

5 G=N*CP_size; 

6 NN=5000; 

7 frame_t=[];frame_f=[]; 

8 symbols_init=ones(1,N)j; 

9 kk=1:NN 

10 symbols=randn(1,N)>0; 

1 tx_syms (kk, :)=symbols; 

12 

13 sym_t=mod(symbols_init+symbols, 2); 

14 

15 symbols_init=sym_t; 

16 time_t=ifft(sym_t*2-1) *sqrt(N); 

17 time_cp_t=[time_t ( -N*CP_size+l: ) time_t]; 
18 frame_t=[frame_t time_cp_t]; 

19 

20 sym_init=1; 

21 11=1:N 

22 sym_f(11)=mod(sym_init+symbols(11),2); 

23 sym_init=sym_f (11); 

24 

25 

26 time_f=ifft (sym_f*2-1) *sqrt(N); 

27 time_cp_f=[time_f ( -N*CP_size+l: ) time_f]; 
28 frame_f=[frame_f time_cp_f]; 


30 f_d_normalized=0.2; L=5; 
31 CHAN=rayleighchan(1/N, f_d_normalized, [1:1:L]/N, ones(1,L)/sqrt(L)); 


33 yl=filter (CHAN, frame_t) ; 

34 y2=filter (CHAN, frame_f) ; 

35 noise = 1/sqrt(2)*(randn(1, (N+G)*NN) + j*randn(1, (N+G)*NN) ); 
36 kk=1: length (SNR) 

37 rl = yl + noise*10*(-SNR(kk)/20); 

38 r2 = y2 + noise*10* (-SNR(kk) /20); 

39 rll=vec2mat (r1,N+G); 

40 r22=vec2mat (r2,N+G) ; 

41 rlll=r11(:,G+1:G+N); 

42 r222=r22(:,Gt1:G+N); 

43 bl=fft(r111.').'; 

44 b2=fft (r222.').'; 

45 b11=-(sign(real(conj(b1(1: -1,:)).*b1(2: rt)))-1)/2; 
46 b22=-(sign(real(conj(b2(:,1: -1)).*b2(:,2: )))-1)/2; 
47 {aa,bb]=find(bll ¥ tx_syms(2: fy 

48 BER_time (kk) =length (aa) /((NN-1) *N); 

49 {aa,bb]=find(b22 4 tx_syms(:,2: D3 

50 BER_freq(kk)=length (aa) / (NN* (N-1)); 


52. figure(1);clf 
53 semilogy(SNR,BER_time,'k-o'); hold; 
54 semilogy(SNR,BER_freq, 'r-*'); 

55 xlabel('S) (dB)'); ylabel('BER 
56 legend('T C n approach 


approach') 


the significant variation of the channel between two consecutive OFDM symbol intervals. 
On the other hand, the frequency-domain approach is more sensitive to delay spread. The 
frequency-domain differential detector observes different channel phase and amplitude over two 
consecutive subcarriers as the maximum excess delay of the channel increases, due to the decrease 
in the channel frequency correlation. As a result, the performance of the differential detector 
decreases significantly, even if the maximum excess delay of the channel is less than the cyclic 
prefix duration. 
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Figure 7.22 Performance of differential OFDM demodulators in various channel conditions. It should be 
noted that L represents the number of channel taps, and f, represents the normalized Doppler spread of the 
channel. (a) Time-domain approach (f, = 0.001). (b) Frequency-domain approach (f, = 0.001). (c) 
Time-domain approach (L = 5). (d) Frequency-domain approach (L = 5). 


7.3 OFDM-like Signaling 


7.3.1 OFDM Versus SC-FDE 


single carrier frequency domain equalization (SC-FDE) is an alternative to OFDM for broadband 
communication systems, and it also employs the equalization process in the frequency domain 
[26]. Unlike OFDM, where each data symbol occupies a narrow channel, the data symbols are not 
mapped from the frequency domain to the time domain (i.e. no FFT operation) at the transmitter 
in SC-FDE. As a result, each symbol occupies the whole bandwidth. However, similar to OFDM, 
the data symbols are grouped in blocks, and each block of data symbols are cyclically extended with 
CP or ZP before the transmission. At the receiver, the block of data symbols is transferred to the 
frequency domain to employ equalization after the CP removal operation. Once the data block is 
equalized in the frequency domain, it is then converted back to the time domain for demodulation 
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Figure 7.23. Comparison of basic OFDM and SC-FDE transceiver block diagrams. 


of the data symbols. In other words, both FFT and IFFT operations are employed at the receiver of 
SC-FDE. The comparison of OFDM and SC-FDE block diagrams is shown in Figure 7.23. 

One of the most significant advantages of SC-FDE over OFDM is its low PAPR because of the 
single-carrier transmission. The low PAPR property of SC-FDE is especially fascinating for uplink 
transmission in cellular radio. Another advantage of SC-FDE for uplink transmission is the com- 
plexity shift from the transmitter of a mobile handset (by not performing IFFT at the transmitter) 
to the base station receiver. On the other hand, SC-FDE does not allow subcarrier-based adaptation 
capabilities, which are very powerful for optimizing the link capacity. 


7.3.2. Multi-user OFDM and OFDMA 


In the previous sections, a single-user OFDM system is considered, where the available channel is 
utilized by a single user. It should be noted that OFDM by itself is not a multi-access technique. 
However, it can be combined with existing multiple accessing methods to allow multiple users to 
access the available channel. For example, TDMA, frequency division multiple accessing (FDMA), 
code division multiple access (CDMA), and CDMA-based schemes are common multiple accessing 
techniques for OFDM systems. A mixture of TDMA and FDMA, known as OFDMA, is also possible, 
and it has been successfully applied to mobile WiMAX, 4G LTE, and 5G NR. 

In contrast to OFDM, where each symbol is used by only one user, OFDMA divides the the 
available resource into smaller units so that multiple users can send data simultaneously using 
non-overlapping resource blocks in the time-frequency domain. Figure 7.24 shows the allocation 
of the subcarriers to different users. OFDMA allows subchannel-based scheduling of the users to 
the subcarriers based on their channel quality. Especially, it increases the capacity of the system 
significantly for slowly varying channels. Various subcarrier allocation strategies are investigated 
for OFDMA systems. Also, in the WiMAX standard, several modes of subcarrier allocation are 
included. Users can be assigned to the subcarriers in a distributed or block-wise manner. In the 
distributed allocation schemes, strong frequency diversity can be obtained when the user’s data are 
channel-coded. It is due to distributing the user’s information over the whole bandwidth, which is 
much larger than the coherence bandwidth of the channel in these schemes. On the other hand, 


181 


182] 7 OFDM Signal Analysis and Performance Evaluation 


DC subcarrier 


\———T-—~ UT“ 
Guard band Frequency Guard band 


OFDMA symbols 
(the time domain) 


Subchannels 
(the frequency domain) 


Figure 7.24 Allocation of subcarriers to multiple users in OFDMA. 


a band-adaptive modulation and multiuser diversity, where a subchannel group is assigned to 
the user with the best channel quality in that subchannel group, can be employed easily in the 
block-wise assignment schemes. 


7.3.3. SC-FDMA and DFT-S-OFDM 


Single carrier frequency division multiple access (SC-FDMA) and DFT-Spread-OFDM 
(DFT-S-OFDM) have been selected for uplink multiple accessing schemes of LTE and 
LTE-advanced, whereas OFDMA is still considered for downlink. One of the major concerns in 
the uplink is the PAPR of the transmitted signal, so that the PAs can be used in a power-efficient 
manner. Maintaining the great capabilities of OFDM in terms of scheduling multiple users to the 
subchannels flexibly and efficiently is desired while achieving the PAPR goal. 

SC-FDMA splits the available channel into multiple orthogonal carriers and assigns users into 
these available subcarriers in a block-wise (a.k.a., localized mapping) or distributed (a.k.a., inter- 
leaved mapping) manner similar to OFDMA. Unlike OFDMA, where the data symbols are directly 
mapped to the subcarriers, a block of data symbols, which are originally interpreted as time sym- 
bols, are spread through a discrete Fourier transform (DFT) processing before mapping them to 
the corresponding subcarriers in SC-FDMA. Hence, all transmitted carriers corresponding to a 
user contain a component of each modulated data symbol. In other words, a signal sample that 
is mapped to each subcarrier is a linear combination of all data symbols of a block that corresponds 
to a user. A comparison of OFDM and SC-FDMA block diagrams is shown in Figure 7.25. As seen 
in the figure, the first step of SC-FDMA transmission is to spread the block of M data symbols with 
an M-point DFT operation. Afterward, these spread data symbols are mapped to M out of N sub- 
carriers (N > M) like in OFDMA. The rest of the transmitter design is similar to OFDMA, such as 
the N point inverse discrete Fourier transform (IDFT) operation followed by the CP addition. 
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Figure 7.25 Comparison of basic OFDMA and SC-FDMA transceiver block diagrams. 
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Figure 7.26 Block diagram of a basic DFT-S-OFDM with SD transceiver. 


In LTE uplink, the mapping of the spread user data to the corresponding subcarriers is done 
with block-wise resource allocation (a.k.a., localized mapping), as it enables better PAPR proper- 
ties. The interleaved resource allocation (a.k.a., distributed mapping) has larger PAPR but provides 
better frequency diversity. A more flexible version of DFT-S-OFDM for the uplink transmission 
is also possible. In this more flexible version, the user’s data block is divided into a number of 
subblocks, and each of these subblocks are spread individually with a smaller size of DFT opera- 
tions. This scheme is referred as DFT-S-OFDM with spectrum division (SD) [27], which is shown 
in Figure 7.26. As can be seen in the figure, the user data block size of M is divided into F sep- 
arate blocks wherein each block there are M/F data symbols. Each of these F data subblocks is 
passed through spreading operation with DFT processing. Then, each spread data block is mapped 
to subcarriers in a local manner within a single DFT subblock but in a distributed manner between 
subblocks. In this way, a balance between PAPR reduction and also frequency diversity is achieved. 

OFDM.-like waveform schemes can be unified under an umbrella as follows: 


e N=M and F =1: This scheme is called as SC-FDE. At the transmitter, FFT and IFFT cancels 
each other (i.e. no IFFT or FFT but the CP still exits). At the receiver, FFT is used for transforming 
the data to the frequency domain and equalizing it in the frequency domain. Afterward, the 
equalized data are demodulated in the time domain. 
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e N>M,N isan integer multiple of M, and F = 1: This scheme is called as SC-FDMA, and a user 
uses only a part of the spectrum. Two resource allocation methods are available as localized and 
interleaved mappings. 

e N>M>F,N isan integer multiple of M, and F > 1: This scheme is called DFT-S-OFDM with 
SD. 

e N=M =F: This scheme is the regular OFDM. In essence, at the transmitter only IFFT is used, 
FFT is non-functional (i.e. FFT size is 1). 

e N>MandM =F: This scheme is the regular OFDMA. 


The following Matlab script simulates the above schemes under one umbrella. The PAPR char- 
acteristics and other performance-related results can be obtained using this simplified simulation. 


1 
2 mapping_scheme=1; 

3. num_OFDM_symbols=1000; 
4 SNR=20; 

5 N=256; 
6 

7 

8 

9 


M=32; 
spreading=N/M; 
F=4; 
10 CP=1/4; 
11 G=N*CP; 
12. mod_order=4; 
3 frame=[]; 
14 
15 kk=1:num_OFDM_symbols 
16 symbols=qammod (floor (rand(1,M)*mod_order), mod_order) ; 
17 
18 
19 (M>F) 
20 V_symbols=vec2mat (symbols,M/F,F) ; 
21 Xk=fft (V_symbols.',M/F) ; 
22 Xkk=reshape (Xk,1,M); 
23 
24 Xkk=symbols; 
25 
26 
27 (mapping_scheme==1) 
28 
29 Xi=upsample (Xkk, spreading) ; 
30 xi=ifft(xXi,N); 
31 time=xi*sqrt (sum(abs (symbols) .*2)/sum(abs(xi).*2)); 
32 (mapping_scheme==2 ) 
33 
34 X1l=[Xk zeros(1,length(Xkk) *spreading) ]; 
35 xl=ifft(X1,N); 
36 time=xl/sqrt (mean(abs(xl).*2)); 
37 
38 
39 time_cp=[time ( -G+l1: ) time]; 
40 frame=[frame time_cp]; 
41 
42 
4 L=5; 


44 h_cir=(randn(1,L)+j*randn(1,L))/sqrt(2); 


46 noise=(randn(1,length(frame) )+j*randn(1,length(frame)))/sqrt (2); 
47 received = filter(h_cir,1,frame) + 10*(-SNR/20) *noise; 


50 rec_mat=vec2mat (received,N+G) ; 
51 rec_time=rec_mat(:,G+1l: 5 
52 rec_freq=fft(rec_time.'); 
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55 H_cfr= fft(h_cir,N); 

56 H_mtrx=repmat (H_cfr.',1,num_OFDM_symbols) ; 
57 rec_equalized=conj(H_mtrx) .*rec_freq./abs(H_mtrx) .*2; 
58 

59 

60 

61 

62 (mapping_scheme==1) 

63 

64 Xd=downsample (rec_equalized, spreading) ; 
65 (mapping_scheme==2 ) 

66 

67 Xd=rec_equalized(1:M,:); 

68 

69 

70 (M>F) 

7 Xdd=zeros(size(Xd)); 

72 11l=1:F 

73 dummy=Xd( (11-1) *M/F+1:11*M/F,:) ; 
74 dummy 2=ifft (dummy,M/F) ; 

75 Xdd( (11-1) *M/F+1:11*M/F, :)=dummy2; 
76 

77 

78 Xdd=Xd; 

79 


7.4 Case Study: Measurement-Based OFDM Receiver 


In this section, the digital baseband transceiver of an OFDM system is studied in detail, and the 
emphasis is on the measurement-based receiver design. Even though the system parameters are 
selected based on the WMAN standard (i.e. IEEE 802.16-2004), the model is similar to many other 
standards. Hence, rather than focusing on specific standard features, the goal is to provide a fairly 
universal transmitter and receiver structure. Simple block diagram of a transmitter and receiver 
design is illustrated for measurement-based performance evaluation. Within the receiver blocks, 
each measurement point and its impact on the performance measurement are described in detail. 
The performances under various noise and impairment scenarios are discussed as well. Also, the 
usage of different measurement techniques for identifying different sources of noise and impair- 
ments is addressed in this section. 

In the case study, an OFDM system with 256 carriers is considered. However, different subcar- 
rier sizes can be implemented in a similar way. It should be noted that in terms of operating carrier 
frequency and transmission bandwidth, wireless standards provide a wide variety of options. How- 
ever, the baseline PHY receiver algorithm design, which is based on the I/Q samples, is not affected 
by the variation in carrier frequency and bandwidth. On the other hand, advanced receiver algo- 
rithms might take advantage of these variations and employ better solutions depending on the 
operating frequency and bandwidth. In this study, a generic baseline receiver algorithm design, 
which works reasonably well over different operational frequencies, is provided. Improvements in 
receiver algorithms, such as taking a priori information into account, are possible, and the readers 
are encouraged to enhance them after successful completion of this case study. 


7.4.1 System Model 


In this section, the transmitter signal structure including, the frame format (downlink and uplink 
subframes), OFDM symbol formats (both for preamble and data symbols), baseband transmitter 
blocks, and a basic transmitted signal model, are described. 


185 


186 


7 OFDM Signal Analysis and Performance Evaluation 


Downlink frame 


Preamble Header Burst-1 Burst-2 Burst-3 00 | cesses 


Uplink frame 


Burst-1 Burst-2 Tyme} || excccorcccon 


Preamble 
Preamble 
Preamble 


Figure 7.27 Typical downlink and uplink frame formats. 


74.1.1 Frame Format 

The frame format in this study is similar to a traditional packet-based structure that uses a pream- 
ble and header followed by data bursts. In a standard downlink frame, as shown in Figure 7.27, 
the base station transmits a preamble, header, and multiple downlink bursts that are assigned to 
different users. It should be noted that midambles, which are not shown in the figure, can also be 
inserted optionally before some bursts. In the uplink, a different preamble is used for each uplink 
burst transmitted by a user. It should also be noted that each uplink transmitter is assigned a time 
slot to transmit its burst in a time division multiplexing (TDM) manner. Similarly, in the downlink, 
a TDM-type multiplexing is employed, as can be seen from the figure. Even though more com- 
plex frame structures are possible, like in 5G NR, the format in Figure 7.27 is used for the sake of 
simplicity. The details are provided in the following sections. 


7.4.1.2. OFDM Symbol Format 

Each preamble, header, and burst is made up of one or more OFDM symbols. Modulation on the 
OFDM carriers is BPSK, QPSK, 16-QAM, or 64-QAM. Depending on the link quality between the 
transmitter and receiver, an appropriate modulation is selected for individual data bursts. There is 
an ability to use different modulation formats on each data burst. The information bits are mapped 
into data symbols, depending on the selected modulation type. Afterward, the serial data symbols 
are demultiplexed into parallel blocks, and IFFT is applied to these parallel blocks to obtain the 
time-domain OFDM symbols. 

There are three types of subcarrier assignments, namely, data, pilot, and null. The number of 
subcarriers is 256 for OFDM-256. In a regular OFDM-256 symbol, 200 subcarriers are used for data 
and pilot, and the remaining 56 carriers are nulled for providing guard bands and dealing with 
carrier leakage, which renders the DC carrier unusable as well. Of the 200 subcarriers, 8 of these 
are used as pilot subcarriers, and these pilots are inserted at regular intervals among the other 
data subcarriers, which make up the remaining 192 active data carriers. This exemplary subcarrier 
assignment for an OFDM-256 symbol is shown in Figure 7.28. 


7.4.1.3. Baseband Transmitter Blocks and Transmitted Signal Model 

Figure 7.29 shows a basic digital baseband OFDM transmitter block diagram. The information bits 
from the upper layers of the protocol stacks are first passed through a channel coding, which con- 
sists of three blocks: randomizer, FEC block, and interleaver. Data randomization is performed 
on each burst of data on the downlink and uplink. The FEC can employ various schemes, such as 
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Figure 7.29 A basic digital baseband OFDM transmitter block diagram. 


Reed-Solomon (RS) code, rate-compatible convolutional code, block-turbo coding (BTC), and con- 
volutional turbo coding (CTC). All encoded data bits are interleaved by a block interleaver with a 
block size corresponding to the number of coded bits per allocated subchannels per OFDM symbol. 
The interleaver is defined by a two-step permutation. The first step ensures that adjacent coded bits 
are mapped onto nonadjacent subcarriers. The second permutation ensures that adjacent coded 
bits are mapped alternately onto less or more significant bits of the constellation. Thus, it avoids 
long runs of less reliable bits. The implementation of a specific channel coding scheme is out of 
scope in this case study. 

The bits after the channel coding operation are mapped to symbols, depending on the selected 
modulation type. As mentioned before, four different modulation options are available as BPSK, 
QPSK, 16-QAM, and 64-QAM. Afterward, the data symbols are mapped onto allocated data sub- 
carriers (i.e. the 192 data subcarriers shown in Figure 7.28) in the order of increasing frequency 
index. Also, the pilot subcarriers (i.e. the eight subcarriers shown in Figure 7.28) are multiplexed 
into these data carriers in order to constitute the OFDM symbol. It should be noted that BPSK 
modulation is used for the modulation of pilot carriers. 
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Figure 7.30 OFDM signal within a TDD frame. (a) Tx signal in the time domain. (b) Tx signal in the 
frequency domain. 


Once all the subcarriers that form a full OFDM symbol is populated, the serial data symbols are 
converted to parallel blocks. Afterward, an IFFT operation is performed to these parallel blocks 
to obtain the time-domain OFDM symbols. The rest of the transmitter blocks are standard OFDM 
modulation blocks, as described in the previous sections. The transmitted OFDM signal within a 
time division duplexing (TDD) frame is illustrated in time and frequency domains in Figure 7.30. 
Both downlink and uplink RF bursts consist of multiple user bursts in a TDM manner. 


7.4.1.4 Received Signal Model 
The received signal without the I/Q impairments can be modeled as follows: 


Yin(k) = YX yg (Keen tm 4.2, (1k), (7.37) 


where ©7”" represents the common phase error, which could be caused by uncompensated fre- 
quency offset (i.e. the remaining portion after the frequency offset compensation step) and other 
possible impairment sources as described earlier, &“4(k) represents the subcarrier-dependent phase 
rotation, which is mainly caused by sample timing offset, and y,,, is the common gain offset, which 
can occur due to the gain variation of the amplifiers. All the other noise sources are either folded 
into the AWGN term, z,,,(k), if they are additive, or into the channel frequency response H(k) if they 
are multiplicative. 
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Figure 7.31 A basic digital baseband OFDM receiver block diagram. 


7.4.2 Receiver Structure and Algorithms 


Figure 7.31 shows the receiver block diagram. It should be noted that the receiver is designed for 
test and measurement purposes, and hence there are some differences from the actual receiver 
algorithms used in a real product. It should also be noted that the demonstrated receiver is a digital 
baseband receiver that processes the I/Q data provided by the analog front-end of any receiver 
or vector signal analyzer. The received signal is passed through the channel emulator to add the 
desired impairments for test purposes that are mentioned earlier. Therefore, the received signal 
represents I/Q samples that include all possible impairments due to an actual hardware (both at 
transmitter and receiver front-ends) as well as the intentional impairments that are included in the 
channel emulator. 

The transmitter can be any signal source that is transmitting the standard signal as described 
above. Also, it can be hardware such as a vector signal generator (VSG) or a simulator. The simu- 
lated transmitter can include functions like various modulation and channel coding options, differ- 
ent CP alternatives, uplink and downlink burst generation, multiple sampling rate and bandwidth 
options, flexible number of symbols selection within a burst, and ability to generate random and 
standard test data. However, as mentioned above, it is not necessary to use the transmitter simu- 
lator. The main goal is to test third-party transmitter products with the proposed receiver. How- 
ever, it is desirable to have the option of using synthetic data from the simulated transmitter as 
well for debugging and cross-checking purposes. Independent of the transmitter, as long as it is 
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Figure 7.32 The long and short preamble structures. (a) Long preamble. (b) Short preamble. 


a standard-based one with the parameters described above, the proposed receiver functions prop- 
erly. The blocks that are necessary to test and measure the transmitter quality are illustrated in 
Figure 7.31. 

The baseband receiver, which is simulated in Matlab, performs the following operations: find 
the RF burst and packet edge (i.e. starting point) of the burst; estimate and correct the coarse 
frequency offset; estimate and perform coarse and fine symbol time synchronization; estimate 
packet (i.e. RF burst) end position, and extract useful packet information; perform fine frequency 
offset estimation and correction of the remaining frequency offset; remove CP and convert the 
time-domain signal to the frequency-domain symbols; estimate the channel frequency response 
(CFR) and correct symbol rotations due to common and subcarrier-dependent phase offset; employ 
frequency-domain equalization using the CFR; detect the symbols and obtain soft symbol values 
to be used by the channel decoder; apply de-interleaver/decoder/de-randomizer; decode the frame 
control header (FCH) field and check the cyclic redundancy check (CRC). In the following section, 
a brief explanation of each block is provided. It should be noted that some of the blocks are standard 
signal processing blocks such as de-interleaving/decoder/de-randomization, FFT, and CP removal. 
Therefore, these blocks are not discussed in detail since these discussions are widely available in 
the literature. 

In many wireless communication systems, training sequences are inserted within data symbols 
to help synchronization and channel estimation. The downlink subframe begins with two OFDM 
symbols used for synchronization and channel estimation at the subscriber station. These two sym- 
bols together represent the preamble of the downlink subframe and are referred to as the “long 
preamble.” The uplink subframe begins with one OFDM symbol that is used at the base station for 
synchronization to the individual subscriber station. This single uplink symbol is referred to as the 
“short preamble.” Figure 7.32 shows the long and short preamble structures. The first symbol in 
the long preamble is composed of every fourth OFDM subcarrier (i.e. 50 out of 200 in total). There- 
fore, the time-domain signal has four repeated parts. While the first symbol in the long preamble 
is useful for coarse signal acquisition, it is not sufficient for detailed channel measurement and 
correction. Therefore in the downlink subframes, the first symbol is followed by another of the 
same length, containing alternate active carriers. The second symbol in the time domain has two 
repeated parts. 
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7.4.2.1 Packet Detection 
Packet detection is employed to check whether there is a useful packet or not and also to find the 
starting point of that packet. The repeating structure of the training sequences is used in this search. 
Two sliding windows are used. The first window is used to calculate the autocorrelation between 
the received signal and a delayed version of it. The amount of the delay, D as shown in the equations 
below, is equal to the length of the repeating sequence, depending on whether it is downlink or 
uplink. The second window is used to obtain the received signal power, which is used to normalize 
the decision statistics so that the decision variable does not depend on the instantaneous power. The 
size of both windows is the same, M. The values of the first and second windows can be expresses 
as follows: 
M 
w,(n) = Yin +ky*(n+k+D), (7.38) 


k=0 
M 


w,(n) = yin +k+D)y"(n+k+D), (7.39) 
k=0 


and the decision variable is 


d (7.40) 


where y(n) is the received signal and M is the window size. If the magnitude of d(n) exceeds a 
threshold, it is assumed that there is an incoming packet starting at the point where d(n) exceeds 
that threshold. The selection of the threshold is a design criterion, and there is a trade-off between 
the false alarm and miss rates. 

An additional modification can be introduced to the above method, including the use of different 
D in the downlink (D = 128) and uplink (D = 64), and an adaptive threshold, which starts with a 
high threshold and than gradually decreases. In addition, the following w,(n) calculation improves 
the performance: 

M 
w,(n) = 0.5)'yin+k+ Dyy*(nt+k+D)+y(nt Wy"(n +b). (7.41) 
k=0 

Figure 7.33 shows a sample output of the packet detection algorithm after autocorrelation and 
moving average filtering operations. The output samples are tested against a threshold. Whenever 
these samples exceed a predetermined threshold, the existence of a packet is declared, and that 
point is assumed as the starting point of the packet. It should be noted that Figure 7.33 is obtained 
for a high SNR value (SNR = 80 dB), where the correlation of the noise is close to zero, and the 
correlation of the repeated parts are close to one. For low SNR values, the peak decreases. It should 
also be noted that the correlator output around the peak is not like an impulse or a narrow pulse, 
and it is pretty broad. Therefore, the output of this packet detection provides only a rough idea 
about where the packet starts. 


7.4.2.2 Frequency Offset Estimation and Compensation 
Frequency offset is estimated using the training sequences. The Moose method [28] is utilized in 
this case study. The average phase difference between two identical parts of the training sequences 
is calculated and then normalized to obtain the frequency offset. The average phase difference can 
be calculated as follows: 
M-1 
Abu =—— Y Aint by"(n + k + D)}. (7.42) 
M n=0 
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Figure 7.33 The output of the autocorrelation and moving average filtering operations in the packet 
detection algorithm. 


Afterward, the mean phase value is used to calculate the frequency offset by the following equation: 


= (7.43) 


For coarse frequency offset estimation in the downlink, two blocks with a length-64 in the middle 
of the first symbol (M = D = 64) are used. There are two advantages of performing this operation: 
(i) using only shorter blocks of 64, larger frequency offsets can be compensated and (ii) using middle 
blocks, the effect of inaccuracy for coarse timing on frequency offset estimation can be reduced. In 
the uplink, there is no other choice than employing a short preamble (where M = D = 128). 

For fine frequency offset estimation both in the uplink and downlink, the second symbol is used, 
where better noise averaging can be obtained using a block of 128 (i.e. M = D = 128). It should be 
noted again that in the uplink, there is no other choice than using this symbol. 

Once the frequency offset is calculated, the received time samples can be rotated in the opposite 
direction of the estimated frequency offset to compensate for the effect of the frequency offset as 
follows: 


inant 
Yeorrected(”) = y(nye* N. (7.44) 


7.4.2.3 Symbol Timing Estimation 

Timing synchronization refers to finding the exact timing instant of the beginning of each OFDM 
symbol. Unless the correct timing is known, the receiver cannot remove the cyclic prefixes at 
the right timing instant and separate individual symbols correctly before the FFT operation. The 
timing synchronization algorithm basically fine-tunes the rough symbol timing obtained by the 
packet detection algorithm. Fine symbol timing is calculated using the short training sequence. 
Cross-correlation between the received signal and known reference is calculated. In this case, the 
optimum timing position is obtained when the cross-correlation value is maximum. However, it 
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Figure 7.34 The output of the cross-correlation during the symbol timing estimation considering a flat 
fading channel. 


is possible to observe multiple peaks due to multipath components. Also, the largest peak might 
not correspond to the first multipath component. Therefore, additional fine-tuning of the symbol 
timing is needed for multipath channels. Joint channel estimation and symbol timing estimation 
is used in this case study for fine-tuning of the symbol timing estimate. 

Figure 7.34 shows the cross-correlation between the received signal and known reference. The 
peak, where maximum correlation occurs, clearly shows the correct timing point for a flat fading 
channel (i.e. a single multipath component). However, when the channel is frequency-selective, 
multiple peaks are observed, as shown in Figure 7.35. 


7.4.2.4 Packet-end Detection and Packet Extraction 

This block detects the end of a packet, and it is especially crucial for measurement purposes. In 
other words, it is not an integral part of a regular receiver. If the FCH information content is not 
available, this is a critical block that detects when the useful information in the RF burst ends. 
In this way, the noise part of the received signal is not decoded or measured. If FCH content is 
available, or some other side information about the RF burst is given as an input, the packet end 
detection calculation can be turned off. 

The algorithm takes advantage of the gaps before and after the RF burst to determine the 
end of the RF burst. Before the RF burst is turned on, a short gap, which constitutes noise 
purely, is used to calculate the noise power. Since the beginning of the RF burst is detected, the 
signal-plus-noise-power after the starting point of the RF burst can also be calculated. It should 
be noted that the data part after the preamble is used for this purpose. A short period, such as 
one OFDM symbol length of data, is enough for the calculation of signal-plus-noise-power. Using 
these two measurements, a decision metric to find the end of the packet can be developed. 

First, the SNR using the noise power measured before the packet start and signal power after the 
packet start are determined as follows (it should be noted that the noise power during the packet 
transmission is ignored assuming that signal power is much larger than the noise power): 
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Figure 7.35 The output of the cross-correlation during the symbol timing estimation considering a 
frequency-selective channel. 


W-+data start position Lyi) |? 
i=data start position 


SNR & 


packet start position |y(i) \2 i (7.45) 


i=packet start position—W 


where W represents a window of samples. In this case, it is the number of samples for one OFDM 
symbol length, which is 256. The SNR over a non-overlapping block of samples is monitored for all 
the received samples. The non-overlapping blocks are used for a lower computational complexity; 
however, sliding windows are also possible. Afterward, the SNR values for each block are compared 
with the SNR value given above. When the SNR drops below a certain threshold value, the end of 
the package is declared. The choice of the threshold value is a design criterion. 


7.4.2.5 Channel Estimation and Equalization 

Channel estimation is an integral part of many coherent wireless communication receivers. 
Although there are many advanced channel estimation techniques available in the literature [29], 
a very simple channel estimator is employed in this case study. Also, the channel is assumed to be 
almost constant during a data packet here. A simple least squares (LS) channel estimator with a 
sliding window noise averaging is used for channel frequency estimation. The LS estimates can be 
given as follows: 


Y(k) 


oe ~ Xpitot(k) 


(7.46) 


where X,jijo, are known carrier symbols in the preamble. The preamble symbol with two identical 
repetitive blocks is used for channel estimation. As mentioned earlier, one subcarrier is skipped 
(i.e. nulled) after a pilot carrier in this training symbol. Therefore, the total number of known pilot 
carriers is 100. Interpolation is required to find the channel values in the nulled carriers, and a 
simple linear interpolation is used in the receiver. After the interpolation step, a sliding window 
filtering is applied to reduce the noise effect in the estimates. It should be noted that the sliding 
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window size needs to be chosen carefully. If the window size is large, the channel estimates might 
not be good for highly dispersive channels. On the other hand, if the window size is small, optimal 
noise suppression can not be obtained. 

During the data transmission, channel equalization is performed to remove the channel effect 
from the received samples. The channel equalization can be performed as follows: 


Y(k)H*(k) 


Y(k) = — 
|A(k)|? 


(7.47) 


7.4.2.6 Pilot Tracking 

In pilot tracking, common phase estimation, sample timing estimation, and common gain track- 
ing are performed. The phase rotation in the received signal is estimated and corrected for each 
OFDM frame using eight pilot symbols. The average phase difference between transmitted and 
received symbols is found by multiplying the received pilots with the conjugate of reference pilots 
and finding the phase of the result. Once the phase rotation is estimated, it can be corrected sim- 
ply. Common gain error is also estimated similarly by comparing the gain differences between the 
transmitted and received symbols. The sample timing error is a little bit tricky, which needs to 
take into account the variation of the phase both in time and frequency domains. In the receiver, 
which is design for this case study, the phase differences in time and frequency domains are used 
to calculate the sample timing error. 

The pilot tracking is one of the most critical elements of the receiver design. There are many 
possible improvements that can be made to the current pilot tracking design. It is also possible 
to combine pilot tracking with data-aided channel estimation for further improving the receiver 
design. 


7.4.2.7 Auto-modulation Detection 

The receiver must know the modulation type at the transmitter to detect the transmitted sym- 
bols correctly. This information could be included in the FCH content. However, if the FCH is 
not available, or the receiver cannot decode it, blind modulation detection is necessary. Blind mod- 
ulation detection has been traditionally approached in two ways, namely, pattern recognition and 
decision-theoretic approaches. The objective of the blind modulation detection is to determine the 
modulation type with the information conveyed by the least possible number of received sam- 
ples. The only empirical data provided by the received noisy samples is the distance to the closest 
legitimate constellation point of all possible modulation schemes. Therefore, the distribution of 
these empirical data or errors should be utilized to make a statistical inference of the used modu- 
lation type. 

One of the techniques for blind modulation detection is based on the decision-theoretic approach 
[30]. The mean Euclidean distances between the received samples and all the closest legitimate con- 
stellation points of all possible modulation schemes are calculated. The average Euclidean distance 
for different hypotheses can be calculated as follows: 


Yink) — Yin(k)I? 
a m = BPSK, QPSK, etc., (7.48) 
where Y is the received sample, Y is the hypothesis of the received sample, m is the index of the 
modulation, and K is the number of samples used for averaging. This scheme, which minimizes 
the average Euclidean distance e, is chosen for demodulation Eq. (7.48). However, there is always 


a bias toward the higher-order modulation schemes irrespective of the actual modulation used. 
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The reason for this is that there are closer legitimate points for higher modulation schemes, which 
would yield lower errors. 

In order to compensate for the bias, information-theoretic approaches are proposed in the litera- 
ture, such as Akaike information criteria and Bayesian information criteria. A similar technique is 
used in the receiver of this study based on exhaustive measurements. Similar to the above approach, 
first, the error terms corresponding to each modulation hypothesis are calculated. Afterward, a 
correction term is introduced as follows: 


em = log,(@n) + log,(M,,), (7.49) 


where V is a constant, which is 0.9 in this case, and M,,, is the constellation size of the mth modu- 
lation hypotheses. The resulting detected modulation is the one that minimizes é,,. 


7.4.3. FCH Decoding 


The FCH decoding is very useful since the transmission parameters, which define the burst profiles, 
such as modulation and coding used, and burst length, are contained in FCH. More accurate test 
and measurement capabilities can be achieved with the ability of FCH decoding. FCH decoding 
requires demodulation, de-randomization, decoding, and de-interleaving of the received samples. 
In addition, the CRC decoder is also needed to check whether the content of the decoded bits is 
correct or not. In other words, almost a full standard-based receiver is needed to be able to decode 
the FCH content. 

There could be several options for measurement purposes. In one option, FCH can be decoded 
like a regular receiver. In another option, the FCH content can be assumed to be known by the 
receiver via offline sharing. Also, the FCH content can be blindly estimated, which requires very 
advanced receiver algorithm designs. 


74.4 Test and Measurements 


Most of the wireless standards provide various transmitter and receiver test requirements. These 
requirements need to be tested, and conformance should be demonstrated. Therefore, for the case 
study, the following measurement capabilities are incorporated in the receiver in addition to the 
ones discussed in more detail later: 


EVM in % or dB 

EVM vs. symbol number 

EVM vs. subcarrier number 
Spectral flatness 

Crest factor 

Peak, average, and minimum EVM 
RSSI 

CINR, SNR 

BER, FER 


These measurements are standard measurements that are widely discussed in the literature and 
heavily utilized in practice. The reader is referred to the Chapter 2 for further details. However, the 
following measurements are discussed briefly in this chapter: 


7.5 Conclusions 


e Frequency error: Provides the frequency error measurement, which is the measurement of 
the difference of the carrier frequencies generated by the local oscillators at the transmitter and 
receiver. Rather than the absolute frequency error, the normalized frequency error is a more 
appropriate value. The frequency error is often measured from the time-domain signal. How- 
ever, it is also possible to measure the frequency error using frequency-domain samples. In this 
case study, time-domain samples are used for the frequency error measurement. 

e Sample clock error: Provides the sampling clock difference at the transmitter and receiver. This 
measurement in an OFDM system is often performed during the pilot tracking period. Since the 
sampling clock introduces a phase rotation that depends on the subcarrier and OFDM symbol 
index, the variation of the rotation can be used to estimate the sample clock error. Sample clock 
error is popularly estimated using frequency-domain samples after the channel equalization step. 


The accuracy of the receiver algorithms affects measurement performance. For example, if the 
channel estimation algorithm is not designed properly, one might observe worse spectral flatness 
measure, and then, might conclude that the filters that are used at the transmitter do not have good 
spectral properties. However, the problem might not be the filter that is used at the transmitter or 
receiver, and it could be the channel estimation algorithm that is used. Similarly, one might observe 
a large EVM at the constellation due to the improper receiver algorithm design. Ideally, EVM 
should reflect errors due to the device under test (DUT), not due to the low-performance receiver 
algorithms. Therefore, in the testing and measurement world, it is desired to implement “THE” 
optimal performance receiver algorithms in order to reduce the errors contributed by these algo- 
rithms. On the other hand, engineers and researchers have to be careful not to increase the compu- 
tational complexity and measurement delay. Both fast and accurate measurements are preferable. 

For the same reason, when the DUT is being measured, the other impairments caused by other 
parts of the transceiver chain need to be compensated or calibrated. The calibration or compensa- 
tion should be done in such a way that the impairments caused by the DUT are not compensated 
for unintentionally. 

Another important point is regarding the location in the receiver chain where a particular mea- 
surement should be performed. Ultimately, the goal is to identify the impairment caused by the 
DUT performing the measurements. If the receiver algorithms correct or change the structure of 
the impairment, then reliable measurements are not possible. For example, if there is a sample 
clock compensation algorithm at the receiver, and if an engineer/researcher tries to measure the 
sample clock error after the compensation, he/she cannot be able to identify the error. It was an 
obvious and easy example, but, for some tricky measurements, such as I/Q impairments measure- 
ments, one must know where to measure in order to obtain the most accurate results. It is possible 
to make a measurement in two different locations and get similar results. However, in most cases, 
there is a preferable point where a specific measurement makes the most sense for obtaining better 
performance, less computational complexity, and other possible reasons. 


7.5 Conclusions 


In this chapter, OFDM is discussed in detail, along with a comprehensive performance evaluation 
under various channel conditions and impairments. There is no perfect waveform yet that fits all 
requirements of diverse services. OFDM and its variants have proven to be effective waveforms 
that satisfy the requirements of many applications. The flexibility of OFDM has enabled it to be 
the waveform choice for 5G standards. It is not clear at this point whether more alternatives will 
coexist with OFDM in 6G and beyond. However, the coexistence of different flexible waveforms 
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should be considered for next-generation communication systems. Unlike the previous standards, 
future standards will support high flexibility to fully exploit the potentials of future communica- 
tions systems. 
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Single-carrier communication systems have a rich and long history in the design of radio-access 
technologies. Even though multi-carrier communication systems gained significant interest lately 
for broadband radio access, there are still a lot of reasons to use single-carrier waveforms for some 
applications, channel, and radio frequency conditions. In this chapter, some of the fundamen- 
tal concepts related to single-carrier communication will be discussed. The focus will be on the 
practical aspects of the implementation, analysis, and performance measurement of single-carrier 
systems. 


8.1 A Simple System in AWGN Channel 


A simple single-carrier communication system is shown in Figure 8.1. The system consists of a 
digital baseband transmitter, wireless radio channel, and digital baseband receiver. In this section, 
a single-carrier communication system in additive white Gaussian noise (AWGN) channel will be 
described. In the upcoming sections, this simple model will be extended to more complex multipath 
channel conditions. 

A basic transmitter system block diagram for single-carrier systems is shown in Figure 8.2. A 
block of desired number of information bits is generated, representing the digital data source. 
These bits are mapped to data symbols using the preferred modulation option and order. These 
data symbols are upsampled (with the desired over sampling rate) and passed through a baseband 
pulse-shaping filter to contain the transmitted signal in a finite and reasonable bandwidth. These 
samples along with training symbols are used to form the burst/packet. The packet is then passed 
through the radio channel. Note that this block diagram is specific for single-carrier time-domain 
equalization-based waveforms. Depending on the waveform and signaling type, there will be some 
variation in the transmitter blocks. For example, for single-carrier frequency-domain equalization, 
cyclic extension for the data block is needed. For code division multiple access (CDMA) type of 
waveforms, spreading with orthogonalization and long codes is needed. 

Figure 8.3 shows a simplified baseband receiver block diagram for single-carrier systems. The 
transmitted signal reaches the receiver after passing through the radio channel. Here we focus 
only on the baseband digital processing assuming that the received signal passed through the 
receiver radio frequency (RF) front-end and analog-to-digital converter (ADC) to obtain the 
complex in-phase and quadrature-phase (I/Q) samples. The received oversampled I/Q data is 
first passed through a matched filter. These filtered samples are then used to find the packet 
start position. This is needed to find a rough reference point so that we can identify the training 


Wireless Communication Signals: A Laboratory-based Approach, First Edition. Htiseyin Arslan. 
© 2021 John Wiley & Sons, Inc. Published 2021 by John Wiley & Sons, Inc. 


201 


202 


8 Analysis of Single-Carrier Communication Systems 


Channel 


Multipath 
channel 


Tx |_| 


Figure 8.1 Asimple communication system model. 
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Figure 8.2 A basic transmitter system block diagram for single-carrier systems. 


and data symbols’ starting points. Using this reference point, we can find frequency offset and 
compensate it. The coarse synchronization is not sufficient for processing the data accurately. 
There is a need for fine-tuning the synchronization point, which is achieved through fine symbol 
and sample timing estimation. Using this reference point, we can extract the data signal and 
process the received samples. In most cases, we employ fine timing synchronization jointly with 
channel estimation. While joint synchronization and estimation is optimal in performance, it 
increases the computation complexity. Hence, this approach is not always used. For coherent 
reception, we will need to estimate the channel tap delays and coefficients which are performed 
through channel estimation block. Once the channel coefficients are estimated, we can equalize 
the received signal to compensate for the channel effect. Equalization is the most critical part of 
the receiver processing. The details of the equalization process are discussed later in this chapter. 
After the equalization, the samples are used for detecting the transmitted symbols and bits. 

The receiver shown in Figure 8.3 is specific for single-carrier time-domain equalization type 
signaling. For other waveforms and signaling types, there will be some variations in the receiver 
chain and blocks. For example, Rake receivers in CDMA systems are quite different than what is 
illustrated in the figure. Every waveform has its own features and receivers, though there are several 
common blocks. The details and differences are described later in this chapter. 


8.1 A Simple System in AWGN Channel 
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Figure 8.3. A basic measurement base receiver system block diagram for single-carrier systems. 


A complex baseband-equivalent system model is considered. The complex values correspond 
to in-phase (cosine) and quadrature (sine) components of the radio signal. At the transmitter, a 
sequence of digital symbols is transmitted using pulse shaping, giving 


x(t) = IG = kT); (8.1) 
k 


where b, corresponds to the sequence of symbols, f(z) is the pulse shape as a function of delay 
t, and T is the symbol period. The complex symbols are obtained from the transmitted bits after 
source and channel encoding blocks. The encoded and possibly interleaved bits are mapped to 
symbols. The mapping depends on the modulation used at the transmitter. In current digital 
communication systems, various modulation options are used. Examples would be binary phase 
shift keying (BPSK), Gaussian minimum shift keying (GMSK), quadrature phase shift keying 
(QPSK), quadrature amplitude modulation (QAM), eight-state phase shift keying (8-PSK), 
16-state quadrature amplitude modulation (16-QAM), 64-state quadrature amplitude modulation 
(64-QAM), and so on (see Chapter 6 for the details of these modulation options). The mapped bits 
produce modulated symbols in the form of complex numbers that will later be used to generate 
I (in-phase) and Q (quadrature phase) waveforms. Before applying the baseband (pulse shaping) 
filter to these symbols, the data need to be upsampled. Upsampling is necessary as the filtered 
signal will often have more bandwidth than the symbol rate. Usually, the transmitted signal 
has an excess bandwidth, i.e. the bandwidth of the signal is more than the symbol rate. The 
amount of excess bandwidth depends on the filter shape as described in previous chapters. For 
example, if a raised cosine filter is used, filter roll-off (a) has a significant impact on bandwidth, 
Bandwidth = (1 + a) * (symbol rate). Due to this excess bandwidth, the sampling rate should be 
more than the symbol rate. Therefore, in order to satisfy the Nyquist criteria, data symbols need 
to be upsampled (above Nyquist rate) and applied to a digital pulse-shaping filter with the same 
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Figure 8.4 Sample rate conversion of the ADC output. 


sampling rate. Oversampling to above Nyquist rate also relaxes the requirements for a reconstruc- 
tion filter in the actual digital-to-analog converter (DAC). It is common to use upsampling rate of 
four (i.e. four samples per symbol). After the DAC and passing the signal through transmitter and 
receiver front-end, assuming a basic AWGN channel, the received matched-filtered signal can be 
written as: 


r(t) = ))bht — kT) + 200, (8.2) 
k 


where h(t) is the effective filter, which is the combined transmit and receiver pulse-shaping filter. 
Here, we assume that matched filtering is applied in analog domain. Often, the matched filtering 
is applied to discrete samples after ADC. ADC produces samples more than the symbol rate for the 
same reason given above. Especially for SDR-type receivers, where multi-rate processing is needed 
due to the wide variety of signaling techniques that the receiver needs to process, it might not always 
be possible to get samples as integer multiples of symbol rate from ADC. If this is the case, the 
received samples can be passed through a sampling rate conversion unit where the data received at 
the output of ADC is resampled to generate the desired sampling rate, which is an integer multiple 
of the symbol rate (see Figure 8.4). As long as the output of ADC satisfies the Nyquist criteria, 
resampling to an integer multiple of symbol rate maintains the integrity of the signal. 

After receiver filtering and coarse synchronization, where the processing might be preferred with 
the oversampled data, we often downsample the received signal to the symbol rate for the rest of 
the processing. Choosing optimal sample phase that provides best signal-to-noise ratio (SNR) is a 
critical factor. If the combined filter is Nyquist filter, then by choosing the optimal sampling phase 
and employing symbol-spaced sampling with this optimal sample phase, the received signal can 
be reduced to the following form: 


Ny = by + Zh (8.3) 


8.1 A Simple System in AWGN Channel 


where z, represents the filtered noise samples. Note that z, corresponds to a sequence of complex 
Gaussian noise samples, which may be correlated depending on the pulse shape autocorrelation 
function. As can be seen, the signal model in AWGN channel is a very simple model and the 
receivers to demodulate the signal in this channel are straightforward. 

The best sample phase can be obtained using training sequences and by employing maximum 
likelihood estimation. For all possible sample hypotheses, the average error between what is actu- 
ally received and what is ideally expected can be calculated. The sample phase that minimizes the 
mean squared error (MSE) will lead to the best sample phase. If a training sequence is not avail- 
able, the best sample phase can be found using cyclostationarity analysis. For each sample phase 
hypothesis, we can calculate the average power of the receiver signal F{|r,|?}. The sampling phase 
that provides the maximum average power would be the best sample phase. Note that in both of 
these techniques, we chose the best offset among the possible sample offset values. This does not 
mean that the chosen offset value is optimal. In computer simulations, the best might mean the 
optimal, but this is not necessarily the case when samples are received from the output of actual 
ADC hardware. The possible sampling phases might not contain the optimal sample phase as the 
data is oversampled with only a few samples per symbol. There is only one position that will pro- 
vide the optimal inter-symbol interference (ISI) free samples, this is the point where the eye is wide 
open in the eye diagram. However, our samples might not contain this optimal sample position (see 
Figure 8.5). In this case, there will be some ISI in the received signal depending on the oversam- 
pling ratio that we used at the receiver. Increasing the oversampling rate reduces the ISI value, as 
the receiver will more likely pick the best sample phase that is closer to the optimal sample phase 
(i.e. as the oversampling rate increases, the difference between optimal and best sampling phase 
decreases). Alternatively, we can take the output of ADC and apply sample phase correction or 
timing recovery algorithm. Timing recovery is desired not only for maximizing SNR but also min- 
imizing ISI by sampling each symbol at a specific point (time) where it has zero contribution from 
other symbol which is an inevitable case for Nyquist pulse shaping. 


25h Best available 
sample phase _ 


Optimal 
sample phase 


Figure 8.5 Illustration of the best and optimal sample phase in eye diagram. The data for this figure is 
obtained from a real hardware with oversampling ratio of 16 (16 samples per symbol) with raised cosine 
filtering. Even with the large oversampling ratio, the best sample phase is not exactly on the top of the 
optimal sample phase. However, thanks to large oversampling ratio, the difference between optimal and the 
best available sampling phase is minor. Therefore, the IS] observed will be negligible. 
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Figure 8.6 A simple example that shows the cross-correlation of a received signal, which includes the 
training sequence (along with data sequence), with the local copy of the training sequence. If the training 
sequence is chosen to have good correlation properties, the cross-correlation provides a nice peak that can 
be used to obtain symbol timing reference point estimation. In this specific figure, an m-sequence of length 
127 is used. Here, the symbol timing reference is the beginning of the training sequence in the received 
burst. 


In addition to finding optimal sample phase, obtaining the reference point in the received signal is 
critical. This is referred to as symbol timing synchronization in the literature. Finding the reference 
point allows the receiver to know which symbol within the frame is being processed. Symbol timing 
estimation is a critical and integral part of all communication systems. Usually, transmitter sends 
a known training sequence (with very good autocorrelation properties) along with the unknown 
data symbols to be able to identify this reference point in the received frame. Since the receiver also 
knows the training sequence, by correlating the received samples with the known sequence, the 
reference point can be obtained easily (see Figure 8.6). For a sequence with perfect autocorrelation 
properties, the correlation output will provide a single peak at the reference position in AWGN and 
flat fading channels. When the channel is dispersive, then there will be a peak corresponding to 
each multipath component. 

If there is a frequency offset between transmitter and receiver carrier frequencies, then this will 
cause rotation of the samples from the original constellations as shown below: 


r=, (8.4) 


where the rotation in each symbol will be dependent on the frequency offset value, f,, and f, rep- 
resents the sampling frequency. With phase offset in the system, the received signal will be rotated 
depending on the phase offset value 6 as given below: 


=7e". (8.5) 


8.1 A Simple System in AWGN Channel 


There is a linear relation between sample time index and frequency offset; meaning that with 
increasing sample time index, the amount of rotation (i.e. the phase difference between the received 
and ideal) in each symbol increases as well. Therefore, this offset should be estimated and com- 
pensated correctly to be able to demodulate the signal. There are various algorithms available in 
the literature exploiting this property to find the frequency offset value. Especially for the systems 
transmitting repeating training sequences along with the data, the use of the phase change among 
these repeating sequences can be exploited to find frequency offset. When the repeating training 
sequences are far from each other in such a way that the phase might make a whole 2z rotation 
between two consecutive known sequences, then a single sequence can be used to estimate the 
linear phase change and hence estimate the frequency offset that causes this change. In addition 
to using training sequences, the phase difference (and phase growth) can also be tracked in data 
mode using data-directed tracking. After each symbol decision, assuming the decisions are correct, 
the phase differences between what is received and ideal symbols (corresponding to the detected 
symbol) are compared. Then, these phase differences are used to calculate the frequency offset. 
Again, the linear phase change can be exploited to relate the phase growth in time to frequency 
offset. There are some issues that one needs to be cautious about in data-directed mode. Since the 
data symbols are unknown, we need to make sure that the phase growth does not reach to a value 
where it crosses the decision boundary. This problem can be resolved by unwrapping the phase val- 
ues when they exceed the decision boundary. When the phase growth reaches around the decision 
boundary, the possibility of incorrect symbol decision increases, hence affecting the phase esti- 
mates. This situation creates a ping-pong effect on the estimated phases (phase difference comes 
and goes between positive and negative peak values). For QAM type of modulations, the use of low 
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the data is known (training mode) and when the data is estimated (data directed mode) are also given. 
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SNR constellations might also create incorrect phase estimates. This problem can be avoided by 
only using the corner constellation points. These samples that correspond to the corner states have 
the highest amplitude value among all other constellation points. But, this will reduce the statistics 
on estimating the phase value as the probability of receiving only the corner states is less (e.g. in 
rectangular 64-QAM, four points are in the corner, the probability of having a corner state is 1/16). 
The following Matlab code provides a simple test for the impact of frequency offset with different 
normalized (with symbol rate) frequency offset values over 100 symbols interval. The phase esti- 
mates in training mode and data-directed mode are also calculated. The corresponding plots are 
shown in Figure 8.7. 


1 
2 

3 

4 N=1le2; 

5 M=4; 

6 symb=qammod(floor(rand(1,N)*M),M); 

7 fo=0.001; 

8 symb_rx=symb.*exp(j*2*pi*[1:N]*fo); 

9 noise=0.01* (randn(1,N)+j*randn(1,N)); 
lo symb_rx=symb_rx+noise; 


12. subplot (2,2,1) 
13 plot (real(symb_rx),imag(symb_rx),'*') 


14 hold on 
15 Prep eat tev) amaa (Ss yab he >") 
leo title(' rmalized freq. offset=0.001' 


17 subplot (2,2, 3) 

1s ph_e=symb_rx.*conj(symb) ; 
19 plot (unwrap (angle (ph_e) ) 
20 hold on 


22 fo=0.01; 

23. symb_rx=symb.*exp(j*2*pi*[1:N]*fo); 
24 «subplot (2,2,2) 

2 plot (real(symb_rx),imag(symb_rx),'*') 


26 hold on 
27 Pope een a aed eee >") 
28 «6title(' zed freq. offset=0.01"') 


29 phase_ aiff- symb_ rx.*conj(symb) ; 

30 subplot (2,2,3) 

31 plot (unwrap (angle (phase_ diff)), eM) 
32 legend (") et=0.001', 'N-c ) 
33 title(' 


ng based phase e 


35 symbs_dtct=qamdemod (symb_rx,M) ; 

36 symbs_rcntrct=qammod(symbs_dtct,M); 

37. ph_e_dd=symb_rx.*conj(symbs_rentrct); 
38 «6ssubplot (2,2, 4) 

39 plot (unwrap(angle(ph_e_dd)),'—') 

40 title('data directed phase estimation') 


Estimating the phase offset is much simpler than the frequency offset. Since the phase offset will 
rotate the constellation, we only need to estimate the amount of rotation and correct the received 
samples back to their original locations using the estimated rotation (or phase value). If there are 
some known symbols in the transmitted signal, by simply comparing the phase of the received 
signal with that of actual known symbols, we can estimate the phase difference: 


6 = Z{r,be} = Z{|b,[?e” + v,}, (8.6) 


where 2{} and v, represent the angle operator and noise, respectively. If there are more known 
symbols and if the phase is constant across them, the estimated phase can be averaged to increase 
the estimation performance. 


8.1 A Simple System in AWGN Channel 


Sample clock error is one of the most critical impairments in this model and the one that will 
be described in the next section (flat fading multipath channel). Clock error shifts the optimal 
sample phase position. Even if the optimal sample phase is found during the training period, due 
to clock error, the optimal sample phase will be shifted. Similar to frequency offset that creates a 
linear phase difference between what is received and what is ideal, the sample clock error creates a 
linearly increasing sampling phase offset between the optimal (ideal) phase (where the eye is wide 
open) and the estimated phase (during the training). Unless the receiver tracks changes in the 
optimal sampling phase, in spite of the Nyquist pulse shaping, ISI will be observed in the received 
symbol spaced samples. The amount of ISI will increase as the clock error accumulates in time. 
The increase in error vector magnitude (EVM) due to clock error can be observed by looking at the 
EVM-versus-time plot. Timing recovery methods are popularly used to compensate the impact of 
sample clock error. There are several methods available in the literature [1, 2], such as band-edge 
timing recovery method and Gardner’s timing recovery method. 

The following code describes the impact of sample clock error in a very simple setup. A clock error 
of 500 ppm is generated. Symbol and sample offset estimation are done using a training sequence 
that is inserted at the beginning of the frame (preamble). But, due to the sample clock error, the 
best sample index position will be shifted. EVM versus time measurement is an excellent tool to 
see this effect. The corresponding plots are given in Figure 8.8 


1 
2 
3 N=1e4; 

4 sps=8; 

5 fltr=rcosine(1,sps, 'normal',0.3); 

6 M=4; 

7 symb_tr=50; 

8 symb_tr=qammod(floor(rand(1,symb_tr)*M),M); 
9 symb=qammod(floor(rand(1,N)*M),M); 

lo frame=[symb_tr symb]; 

11 frame_up=upsample(frame,sps) ; 

12. sgnl_tx=conv(fltr,frame_up) ; 


14 subplot (2,2,1) 


16 sgnl_tx=resample(sgnl_tx,10000,10000-2); 


17 dummy=vec2mat (sgnl_tx(100: -100),sps*2); 
1g «plot (real (dummy (1: = Lary) ) 
19 title('Eye diagram of the whole block of data') 


20 subplot (2,2,2) 
21 plot (real (dummy (1:50,:).')) 
22 title('Eye diagram of only some part of the data block") 


25 sgnl_dwn_tr=downsample(sgnl_tx,sps) ; 


26 kk=1:50 

27 corr (kk) =abs (mean (sgnl_dwn_tr (kk: kk+symb_tr-1).*conj(symb_tr))); 
28 

29 {a,b]=max(corr); 

30 idx=b-2; 

31 

32 N_tr=1:sps*3 

33 sgnl_dwn=downsample(sgnl_tx(idx*sps+N_tr: (symb_tr+idx) *sps-1+N_tr),sps); 
34 error (N_tr) =mean (abs (sgnl_dwn-symb_tr).*2); 

35 

36 {c,d]=min(error); 

37. idx_best=d; 

38 symb_rx=downsample(sgnl_tx(idx*spstidx_best: ), SPS); 

39 symb_dtct=qammod (qamdemod(symb_rx,M) ,M); 

40 EVM_time=abs (symb_rx(1:N+symb_tr)-symb_dtct (1:N+symb_tr)).*2; 


41 subplot (2,2, [3,4]) 
42. plot (EVM_time) 

43 xlabel('Symbol Inde 
44 title('EVM versus 


ylabel('EVM') 
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Figure 8.8 Illustration of the impact of the sample clock error. 


8.2 Flat Fading (Non-Dispersive) Multipath Channel 


When the transmitted signal passes through a multipath radio channel, where the relative delays 
among these multipath components are small compared to the transmitted symbol period, different 
“images” of the same symbol arrive at the same time, adding either constructively or destructively. 
The overall effect is a random, fading channel response. This type of fading is often referred to as 
flat fading (non-dispersive) channel and modeled with a single tap (complex channel coefficient). 
The received samples in this case can be represented as: 


Pre = ede + Zu (8.7) 


where h, represents the time-varying complex channel coefficient. In case of time-invariant chan- 
nel, the time index in the channel coefficient can be dropped (simply h). 

Here, a simple coherent receiver for the case of a one-tap channel is given. Assume the informa- 
tion symbol b, is either +1 or —1 (BPSK), the information can be recovered using 


by, = sen(Re{h*r;,}), (8.8) 


where hy, is an estimate of the channel coefficient and Re{-} denotes the real part of a complex 
number. When QPSK is used, each symbol represents two bit values. One of the bit values is recov- 
ered using Eq. (8.8), and the other bit value is recovered using a similar expression in which the 
imaginary part is taken instead of the real part. 

Multiplying the received value by the conjugate of the channel coefficient estimate removes 
the phase rotation introduced by the channel and weights the value proportional to how strong 


8.2 Flat Fading (Non-Dispersive) Multipath Channel 


the channel coefficient is, which is important when soft information is used in subsequent forward 
error correction (FEC) decoding. The following Matlab code represents a simple simulation to 
evaluate the performance of BPSK modulation in AWGN and flat fading channels and the cor- 
responding plot is given in Figure. 8.9. Note that the channel is generated independently at each 
symbol. Examples for time correlated channel amplitudes are given in Figure 8.10 with different 
normalized Doppler values. 


1 
2 N=1le6; 

3. SNR=[0:20]; 

4 symb=2* (randn(1,N) > 0)-1; 

5 chnl = (randn(1,N)+j*randn(1,N))/sqrt (2); 

6 

7 

8 

9 noise=(randn(1,N)+j*randn(1,N))/sqrt(2); 

10 kk=1: length (SNR) 

1 noise_var=10*(-SNR(kk)/10) ; 

12 sgnl_rx_AWGN=symb+noise*sqrt (noise_var) ; 

13 sgnl_rx_fading=chnl.*symbt+noise*sqrt (noise_var) ; 

14 det_AWGN=sign (real (sgnl_rx_AWGN) ) ; 

15 BER_AWGN (kk) =(length(find(symb #¢ det_AWGN) ))/N; 

16 det_fading=sign(real(sgnl_rx_fading.*conj(chnl))); 
17 BER_fading(kk)=(length(find(symb ¢ det_fading)))/N; 


io «=figure(1) 
20 semilogy (SNR, BER_AWGN, 'r-—') 

21 hold 

22 semilogy (SNR, BER_fading, 'k(*-\hspace{-.15pc}-*)') 
23 xlabel('SNR 
24 ylabel(' 
2 legend('Al 


Channel estimation in flat fading channels is pretty straightforward, especially if there are some 
known symbols in the transmitted signal. By simply removing the known modulation information 
from the received signal, an estimate of the channel coefficient can be obtained as: 

hee Beh buy (8.9) 

by 

where u;, represents the noise samples. If there are more of the known symbols and if the channel 
is static across these known symbols, the estimated channel can be averaged to increase the esti- 
mation performance by averaging the noise out. When the channel is time-varying, we need to be 
careful in averaging these estimates. If averaging is done over a large window, this will cause error 
between actual channel and estimated channel due to the variation of the channel over the win- 
dow. The window size needs to be chosen carefully so that maximum noise averaging is achieved 
while also being able to track the variation of the channel. There are various techniques to track 
the channel, like least-mean-square (LMS) algorithm, recursive least squares (RLS) algorithm, 
Kalman filtering, Kalman-LMS, etc. [3]. The details of various tracking approaches can be found 
in [4]. In general, the tracking performance can be improved by knowing the variation of the chan- 
nel (Doppler spread information) and the SNR value. These two values can be used for selecting 
the window size for sliding windowing-based channel tracking. Similarly, the step size in LMS 
algorithm and forgetting factor in RLS algorithm can be adapted based on the SNR and Doppler 
information. 
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Figure 8.9 BER performance of BPSK modulation in AWGN channel and in flat fading channel. 
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Figure 8.10 Time-correlated fading waveforms for three different normalized maximum Doppler shifts. 


8.2 Flat Fading (Non-Dispersive) Multipath Channel 


Often in time division multiple access (TDMA)-based wireless communication systems, where 
the received signal is bursty and there are training sequences in the burst (e.g. global system for 
mobile communications (GSM) and enhanced data rates for GSM evolution (EDGE) [5-7]), chan- 
nel tracking is not needed if the burst size is short and the vehicle speed is low since the variation of 
the channel within the burst is not significant. For example, in GSM, the channel can be estimated 
during the training period that is inserted into the middle of the burst (called midamble), then the 
estimated channel parameters are used to demodulate the rest of the burst without tracking. GSM 
case does not really fit to flat fading channel situation as GSM bandwidth is more than the coher- 
ence bandwidth of the channel in wide area network (and GSM does not use Nyquist pulse shape), 
making the effective channel response frequency selective. However, GSM is given here just as an 
example of the situation where the channel tracker might not be necessary. The following code and 
the corresponding plots in Figure 8.11 illustrate the discussion above. 

An interesting thing to note here while discussing the variation of the channel is that both fre- 
quency offset that we discussed earlier and multipath channel cause the variation of the phase 
(frequency offset) and amplitude (multipath channel) of the signal. If we can track the channel, 
we do not only compensate the channel effect but also the frequency offset. Since large frequency 
offset values might make the channel vary more than it actually is, it would be better if we can 
estimate the frequency offset value separately and compensate the received samples with the esti- 
mated offset, so that the channel tracker can be implemented optimally with more noise averaging 
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Figure 8.11 Impact of the time variation of channel without using channel tracker. Channel estimated at 
the beginning of the frame using training, and the estimated value is used for the rest of the data in the 
frame. Relative Doppler spread is not significant here. As can be seen in the figure, the constellation is not 
terribly bad. For significant Doppler spread values, channel trackers are needed. 
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capability. Therefore, folding large frequency offset values into the channel and estimating the 
effective channel (with the frequency offset folded into it) is not always a good idea, as it puts too 
much stress on the channel tracker algorithm and the channel estimates will be more noisy (worse 
MSE performance). Then, the question is how can we estimate the frequency offset separately in 
time-varying multipath channels. The problem is not as difficult as it looks, thanks to the linear 
variation of the phase due to frequency offset as opposed to the random variation due to the mul- 
tipath channel. If we have enough samples, in the long run, we can separate the variation of the 
phase due to frequency offset from the multipath channel. 

Similar to the above discussion, channel estimation can also be used to compensate the phase 
offset. By estimating the effective (cumulative) channel, the effect of the phase offset can be 
folded into the channel response, and hence one can automatically compensate phase offset while 
removing the effect of the channel from the received samples. Therefore, from now on, in this 
chapter of the book, the phase offset and frequency offset will be folded into the channel estimation 
and tracking and considered together as estimation and compensation of the effective channel 
response. 

The following Matlab code compares the performance of the receiver with and without chan- 
nel tracker when the channel is varying in time. In this specific code, the variation is due to the 
Doppler spread of the channel. Figure 8.12 shows the EVM versus time plot for an LMS chan- 
nel tracker and without using a channel tracker. As can be seen, when a channel tracker is used, 
the time variation of the channel can be tracked and hence the received signal can be corrected 
adaptively. 


8.3 Frequency-Selective (Dispersive) Multipath Channel 


1 
2 

3 

4 M=16; 

5 N=500; 

6 symb_tr=50; 

7 co=rayleighchan(1, 5e-5); 

8 reset (co) 

9 chnl=filter(co,ones(1,N+symb_tr)); 

lo symb_tr=qammod(floor(rand(1,symb_tr)*M),M); 

ll symb=qammod(floor(rand(1,N)*M),M); 

12. frame=[symb_tr symb]; 

13. noise=(randn(1,N+50)+j*randn(1,N+symb_tr))*0.001; 
14400 6sgnl_rx= frame.*chnl + noise; 


17. chnl_est = mean(sgnl_rx (1:symb_tr)./symb_tr) ; 
19 sgnl_eq = sgnl_rx*conj(chnl_est) /abs(chnl_est).*2; 


21. =symb_dtct=qammod (qamdemod(sgnl_eq,M) ,M); 
22 EVM_time=abs(sgnl_eq-symb_dtct) .*2; 

23 subplot(2,2,[1,2]) 

ot (EVM_time) 
abel ('symbo 
abel ('EVM 
itle('EVM versus time') 
ubplot(2,2,3) 

ot (real (sgnl_eq),imag(sgnl_eq),'o') 
itle('constellation diagram') 
ubplot(2,2,4) 

ot (real (chn1) ) 


ie) 
na 
Qa 


ot (imag(chnl),'— 
itle('variati 
abel ('sy 
abel ('amr 
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8.3. Frequency-Selective (Dispersive) Multipath Channel 


When the transmitted signal passes through a multipath radio channel where the relative path 
delays are on the order of a symbol period or more, then images of different symbols arrive at the 
same time. The dispersive channel, which is often referred as frequency selective channel, can 
be modeled as a linear, FIR (finite impulse response) filter. The resulting signal is received in the 
presence of noise, giving, 


L-1 
yt) = Pe(?, x(t - c(2)) + wl), (8.10) 
e=0 


where c(/, t) and r(@) are the 7th complex, time-varying channel coefficient and 7th delay, respec- 
tively, and L is the number of channel taps. The noise term w(t) is assumed to be white, complex 
(circular) Gaussian noise. 

The delays are often assumed to be equally spaced, i.e. 7(?) = ?T/M where M is an integer, and 
the spacing (T/M) for accurate modeling depends on the bandwidth of the system [8]. Typically, M 
is 1 (symbol-spaced channel modeling) or 2 (fractionally spaced channel modeling). For simplic- 
ity, symbol-spaced channel modeling is assumed, though extension to fractionally spaced channel 
modeling is possible. 

As in flat fading, the coefficients represent the result of different multipath signal images 
added together, constructively or destructively. They are well modeled as random variables. 
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Specifically, they are modeled as uncorrelated, zero-mean complex Gaussian random variables 
[9]. This corresponds to “Rayleigh” fading, where channel tap magnitudes (amplitudes) are 
Rayleigh-distributed. Also, the phase of the channel taps are uniformly distributed. 


SNR=30; 
N=500; 


St Sse IT ay a 


symb_tr=length (symb_ 


co=rayleighchan(l1l, 


-1 -1 1 -1 -1 -1-1 
-1121-1-1-1211d41d14i1 -1); 
tr); 

e-4); 


1 
2 
3 
4 
5 symb_tr=[(-1 11 -1 
6 
7 
8 
9 


reset (co) 
io chnl=filter(co,ones(1,N+symb_tr)); 
l1losymb=2* (randn(1,N)>0)-1 ; 
12. frame=[symb_tr symb]; 
13 noise=(randn(1,N+symb_tr)+j*randn(1,N+symb_tr))/sqrt (2); 
144 sgni_rx=frame.*chnl + noise*10* (-SNR/20) ; 


we = chnl_est = mean(sgnl_rx (1:symb_tr)./symb_tr) ; 
18 rx_corrected=sgnl_rx*conj(chnl_est) /abs(chnl_est).*2; 


19 EVM_time=abs (rx_corrected-sign (real (rx_corrected) )); 


22 mu_fixed=0.1 ; 
23. chnl_trk_lms(1)=chnl_est; 
24 symb_dtct(1l:symb_tr)=symb_tr; 


25 ii=2:length(sgnl_rx) 

26 error (ii)=sgnl_rx(ii-1)-symb_dtct (ii-1)*chnl_trk_lms(ii-1); 

27 chnl_trk_lms(ii)=chnl_trk_lms(ii-1) + 

28 mu_fixed*conj(symb_dtct(ii-1l)) * error(ii); 

29 (ii>symb_tr) 

30 symb_dtct (ii)=sign (real (sgnl_rx(ii) *conj(chnl_trk_lms(ii)))); 


33 plot (EVM_time, 'k—') 
34 hold 
35 plot(abs(error),'r') 


As the mobile transmitter or receiver moves, the phases of each multipath signal image change. 
This changes how the multipath images add together, so that the channel coefficient varies with 
time. This time variation is characterized by an autocorrelation function. The Jakes’ model [10], 
which is commonly used, assumes the Gaussian channel coefficients have the following autocor- 
relation function: 


R(t) = E{c*(¢, He(C,t + t)} = o7Jo(2nfpt), (8.11) 


6634.99 


where superscript denotes complex conjugation, subscript 7 denotes the “7th channel coeffi- 
cient, t is the autocorrelation delay, oF is the mean-square value of the channel coefficient, f, is the 
Doppler spread, and J,(-) is the zeroth-order Bessel function of the first kind. 

The Doppler spread is proportional to the radio carrier frequency and the speed of transmitter 
or receiver. At a high vehicle speed of 100 km/h, the carrier frequencies of 900 MHz and 2 GHz 
correspond to Doppler spread values of 83 and 185 Hz, respectively. The ability to track channel 
variation depends on how fast the channel changes from symbol to symbol. In general, the sym- 
bol rate is much higher than the Doppler spread, so that the channel coefficient value is highly 
correlated from symbol to symbol, making channel tracking possible. Also, the Doppler spread is 
considered constant, because the speed of the transmitter or receiver changes slowly relative to the 
transmission rate. However, it is possible to model the time variation of the Doppler spread [11]. 


8.3 Frequency-Selective (Dispersive) Multipath Channel 


At the receiver, y(t) is passed through a filter matched to the pulse shape and sampled, giving 
received samples 


th = [fox +kT.Jdt, k=0,1,... (8.12) 


where T, = T/M = T is the sampling period. Because the fading varies slowly from symbol to sym- 
bol, it can be approximated as constant over the pulse shape. With this approximation, substituting 
Eq. (8.10) into Eq. (8.12) gives 


"= Yin Dy; + %h, (8.13) 


where h,(j) is the jth composite channel coefficient, reflecting the influence of the transmit filter, 
the radio channel, and the receive filter, i.e. 


[-1 
hy) = Vic, kT)Ry GT - C7), (8.14) 

2=0 
where R(t) is the pulse shape autocorrelation function. Observe that at the receiver, there is ISI, as 
the received samples contain the current symbol b, as well as interference from previous symbols. 
The number of composite coefficients (J) needed to accurately model r,, depends on L and the shape 
of Ry(z). For the special case of root-Nyquist pulse shaping, J = L, h,(j) = c(j, kT), and the noise 
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Figure 8.13. BER performance of a single-tap receiver under various extents of multipath dispersion. The 
receiver locks into the strongest multipath coefficient using the training sequence and maximum 
likelinood-based fine synchronization algorithm. The channel coefficient of the strongest channel is 
estimated using the training sequence and received symbols are phase-corrected using the estimated 
channel to be able to demodulate the transmitted bits. 
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samples z, are uncorrelated. Note that the above argument is only true if the medium response 
coefficients are symbol-spaced. For fractionally spaced multipath coefficients, the effective channel 
response will have components due to pulse shape as well, even if the combined (Tx and Rx) pulse 
shape is root-raised cosine. In practice, multipath coefficients are not necessarily spaced at each 
symbol interval; the multipath delays are random and can be at any arbitrary spacing. Hence, when 
the channel is dispersive, the use of raised cosine pulse shaping cannot guarantee ISI free samples 
at the receiver, on the contrary, it can make the channel look more dispersive than it actually is due 
to slowly decaying side lobes of the raised cosine filtering. 

The following Matlab code simulates the impact of multipath dispersion when an equalizer is 
not employed at the receiver. The receiver employs simple symbol and sample timing estimation 
along with single-tap channel estimation followed by channel phase correction and symbol detec- 
tion. The multipath dispersion level (i.e. maximum excess delay of the channel) can be changed 
and its impact can be observed at the receiver. Constant (time-invariant) channel coefficients are 
used at each burst, and independent realizations are generated across different bursts (this is also 
referred as block-fading model in the literature). Multipath power delay profile is assumed to be 
uniform with independent sample-spaced multipath coefficients, and each coefficient is randomly 
fading with the Rayleigh amplitude distribution. The impact of the ISI due to multipath dispersion 
on bit-error-rate (BER) performance is given in Figure 8.13. As can be seen, as the maximum 
excess delay of the channel increases, ISI also increases, and hence decreases the performance 
of the system. Notice that when SNR increases, ISI component becomes dominant, and it causes 
irreducible BER performance (creating error floors at large SNR values). Figures 8.14 and 8.15 
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Figure 8.14 Impact of multipath dispersion and ISI on the eye diagram. The eye diagram of in-phase 
component is shown. Only a single-channel realization is given here for illustration purpose. Each subplot 
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8.3 Frequency-Selective (Dispersive) Multipath Channel 


show the impact of dispersion on eye and constellation diagrams, respectively. In these figures, 
the SNR is very large (300 dB), so that ISI effect can be observed without the impact of the noise. 
Only a single realization is shown in both figures. In the eye diagram, the effect of dispersion can 
be seen as eye closing. Similarly, in the constellation diagram, the impact of the dispersion can be 
seen clearly with the samples scattered away from the perfect constellation point. 


1 
2 

3. SNR=[2 4 6 8 10 15 20 25 30 40]; 

4 sps=8; 

5 symb_tr=[-1 11 -1 1 -1 -1 1-1-1 -1-1 

6 1-11-1111 -121431-1-1-1112d41d1i1 i ‘-1); 

7 

8 N_tr=length(symb_tr); 

9 fltr = rcosine(1,sps,'sqrt',0.3); 

10 N=340; 

11 NN=100; 

122 LL=[1 4 8 16 32]; 

13 vv=1:length (LL) 

14 L=LL (vv) ; 

15 zz=1:NN 

16 symb=2* (randn(1,N)>0)-1; 

7 frame=[symb_tr symb zeros(1,10)]; 

18 u_frame=upsample (frame, sps) ; 

19 sgnl_tx=filter(fltr,1,u_frame) ; 

20 

21 

22 cir=(randn(1,L)+j*randn(1,L))/sqrt(2)/sqrt(L); 

23 

24 sgnl_rx_fading=filter(cir,1,sgnl_tx); 

25 N_tr=length(sgnl_rx_fading) ; 

26 noise = 1/sqrt(2)*(randn(1,N_tr) + j*randn(1,N_tr)); 

27 k1l=1: length (SNR) 

28 sgnl_rx_noisy = sgnl_rx_fading + noise*10* (-SNR(k1)/20); 
29 

30 

31 rec_filtered=conv(sgnl_rx_noisy,fltr); 

32 

33 N_tr=1:sps*10 

34 sgnl_dwn=downsample(rec_filtered(N_tr:N_tr*sps-1+N_tr),sps); 
35 corx(N_tr)= abs(sum(sgnl_dwn.*conj(symb_tr))); 
36 

37 [c,d]=max(corx) ; 

38 best_ind=d; 

39 symb_rx=downsample(rec_filtered(best_ind: Me Sps)y 
40 chan_est=mean(symb_rx(1:N_tr)/symb_tr); 

41 symb_rx=symb_rx(N_tr+1:N+N_tr); 

42 symb_dtct=sign (real (symb_rx*conj(chan_est))); 

43 BER (zz,k1l)=length(find(symb_dtct¥symb) )/N; 

44 

45 

46 ber_av=mean(BER); ber_all(vv,:)=ber_av 

47 


8.3.1 Time-Domain Equalization 


As illustrated in previous section, channel dispersion and ISI impact the receiver performance 
significantly. Due to the ISI, in frequency-selective channels, channel equalization is necessary to 
be able to demodulate transmitted symbols. Time-domain adaptive equalization has an extensive 
history [12, 13]. In narrowband wireless communication systems, decision feedback equalizer 
(DFE) and maximum likelihood sequence estimation (MLSE) are two commonly used forms 
of time-domain equalization. These approaches are preferred over linear equalization, which is 
sensitive to spectral nulls in the channel response [9]. To understand the basic principles of these 
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Figure 8.15 Impact of the multipath dispersion and ISI on the constellation. Only a single-channel 
realization is given here for illustration purpose. Each subplot is drawn from an independent realization. 
Constellations are shown after the channel phase compensation. (a) t, — = 0. (b) t) — = 0.57. 
(c) T — Tmax = T,. (d) To — Tmax = 2T,. 
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Figure 8.16 Decision feedback equalization. 


approaches, consider the simple case of BPSK symbols (b, = +1) and a two-tap channel model, 


such that 


VE = h,,(0)b, + hy, (1) by_4 a Zk (8.15) 


The DFE, shown in Figure 8.16, consists of feedforward filter, feedback filter, and decision device 
[9]. Conceptually, the feedforward filter tries to collect all signal energy for b, (which appears in 
both r, and r,,,) while suppressing ISI from subsequent symbols (e.g. b,,,). The feedback filter 
removes ISI from previous symbols (e.g. b,_,). Notice that the feedforward filter introduces delay 


between when the first image of a symbol arrives and when that symbol is decided. 


8.3 Frequency-Selective (Dispersive) Multipath Channel 
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Figure 8.17 Constellation plots before and after DFE equalization for two SNR values. 


A simple Matlab code on explaining DFE equalization is given below for a specific three-tap 
time-invariant channel realization. A single-tap feedforward and two-tap feedback filters are 
employed for this specific channel. Figure 8.17 shows the constellation plots before and after the 
equalization for two different SNR values. 

With MLSE, the likelihood of the received data samples, conditioned on the symbol values, is 
maximized [9]. The conditional log-likelihood of the kth data sample, assuming z, is Gaussian and 
uncorrelated in time, is related to the following metric or cost function: 


M (by, By) = Ure — (ny (OD, + Py(D)BK_1)I?- (8.16) 


For different symbol sequence hypotheses (“paths”), this metric is accumulated, generating a 
path metric. Once all the data samples have been processed, the sequence corresponding to the 
smallest path metric determines the detected sequence. Intuitively, the metric indicates how well 
the model of the received data fits the actual received data. 

A brute force search of all possible sequences would require high computational complexity. 
However, it is possible to determine the smallest metric sequence through a process of path pruning 
known as the Viterbi algorithm [14]. This involves defining a set of “states” corresponding to a set of 
paths. Tentative decisions can be made after some delay D. The path “history” (sequence of symbol 
values) corresponding to the state with the best path metric after processing the kth sample can be 
used to determine the (k — D)th symbol value. 

The Viterbi algorithm is best explained using the trellis in Figure 8.18. Let b) = —1 be a known 
training symbol and k > O correspond to unknown data. For k = 1, there are two possible values for 
M(b,,b,)) corresponding to the two possible values for b,. These two metrics correspond to the two 
branches shown in Figure 8.18 between k = 0 and k = 1. These two branches end in two “states” 
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corresponding to the possible values for b,. At k = 2, there are four possible branches, two from 
each state, corresponding to the possible values for the pair (b,,b,). Observe that two branches end 
at the state corresponding to b, = +1 and two end at the state corresponding to b, = —1. At each 
state, only the “best” sequence of the two is kept, the other will be “pruned.” The best is determined 
by candidate “path” metrics. 


1 
2 £ , 
3. SNR=20; lesire NR values i E 

4 N=1000; LZ t £ 1 f 

5 symb=(2* (randn(1,N)>0)-1+j* (2* (randn(1,N)>0)-1))/sqrt(2); 
6 n 

7 

8 

9 


symb(1:2)=[1+j 1+ j]/sqrt(2); 2 ti I t 
cir=[5-j 2+0.5*j 0.6-0.3%*j]; I e 
cir=cir/sqrt (sum(abs(cir).*2)); rm ze th 

10 rx=filter(cir,1,symb); l Ft t 1 

ll noise=(randn(1,length(rx))+j*randn(1,length(rx)))/sqrt (2); 

12 sgnl_rx_noisy = rx + noise*10*(-SNR/20) ; \ 


4 ff=conj(cir(1))/abs(cir(1)).*2; 
is fb=cir(2:3)* ff; k ] 


18 prev_symbols = fliplr(symb(1:2)); 


19 kk=3:N 

20 symb_eq(kk)= sgnl_rx_noisy(kk)*ff —- prev_symbols*fb.'; 

21 symb_dt (kk) =(sign (real (symb_eq(kk) ))+3*sign(imag(symb_eq(kk))))/sqrt (2); 
22 prev_symbols=[symb_dt(kk) prev_symbols(1: -1)]; 

23 

24 bl_errors=length(find(real(symb(3: ))# real (symb_dt (3: pp ee: 

2 b2_errors=length(find(imag(symb(3: ))# imag(symb_dt (3: YG 


2 ber= (bl_errors+b2_errors)/2/(N-2); 


28 figure(1);clf 
29 plot(real(sgnl_rx_noisy),imag(sgnl_rx_noisy),'*') 


30 title('Scatterplot before equalization") 

31 figure(2);clf 

32 plot(real(symb_eq(3: )),imag(symb_eq(3: pgeh et) 
33 «title('Scatterplot after equalization') 


For example, at the state corresponding to b, = +1, the two sequences considered are {b, = 
+1,b, = +1} and {b, = —1,b, = +1}. The corresponding candidate metrics are M(b, = +1,b, = 
+1) + M(b, = +1, by = —1) and M(b, = +1, b, = —1) + M(b, = —1, by = —1). Whichever candidate 
metric is the smallest determines which “path” is kept and which “path metric” is accumulated. 
Thus, each state has a “path history” that determines previous symbol values. 


State [+1] State [+1] 


State [+1] 


State [-1] State [-1] State [-1] 
by -_ b, b, 
r r, 


Figure 8.18 Trellis for Viterbi algorithm. 
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Ideally, the process continues until all the data samples have been processed. Then, the state 
with the smallest metric determines the detected sequence. In practice, a decision can be made 
after some delay D. The path history corresponding to the state with the best path metric after 
processing the kth sample can be used to determine the (k — D)th symbol value. 

The following Matlab code simulates MLSE equalizer with Viterbi algorithm using BPSK mod- 
ulation and two-tap channel model as described above. 


1 
2 

3. SNR=20; 

4 N=5000; 

S$ L=23 

6 symb_tr=[-1 11-11 -1-11-1-1-1-1 

7 1-11-1111 -121431-1-1-1112d41d121i +-1); 
8 tail=[1 111 1]; 

9 N_tr=length(symb_tr); tt=length(tail); 

lo symb=2* (randn(1,N)>0)-1 ; 

1. frame=[symb_tr symb tail]; 

2 9 cir=(randn(1,L)+j*randn(1,L))/sqrt(2)/sqrt(L); 


15 rx=filter(cir,1,frame); 
16 noise=(randn(1,length(rx) )+j*randn(1,length(rx)))/sqrt (2); 
17. sgni_rx = rx + noise*10*(-SNR/20); 


21 Eq_ol_old=[];Eq_o2_old=[]; 
22 Surv_M2=0; Surv_M1=1000; 


24 i=32:length(sgnl_rx) 

25 

26 Mll=abs (sgnl_rx(i)-(cir(1)+cir(2)))*2; 
27 M12=abs (sgnl_rx(i)-(cir(1)-cir(2)))*2; 
28 M21=abs (sgnl_rx(i)-(-cir(1)+cir(2)))*2; 
29 M22=abs (sgnl_rx(i)-(-cir(1)-cir(2)))*2; 
30 

31 Ac_M11=Surv_M1+M11; 

32 Ac_M12=Surv_M2+M12; 

33 Ac_M21=Surv_M1+M21; 

34 Ac_M22=Surv_M2+M22; 

35 

36 {a,b]=min([Ac_M11 Ac_M12]); Surv_Ml=a; 
37 b==1; Eq_ol_new=[Eq_ol_old 1]; 

38 ; Eq_ol_new=[Eq_o2_old -1]; 

39 

40 {a,b]=min([Ac_M21 Ac_M22]) ;Surv_M2=a; 
41 b==1; Eq_o2_new=[Eq_ol_old 1]; 

42 ; Eq_o2_new=[Eq_o2_old -1]; 

43 

44 Eq_ol_old=Eq_ol_new; Eq_o2_old=Eq_o2_new; 
45 

46 ber=length(find(Eq_ol_new(2:N+1)¥symb) )/length(symb) 


8.3.2 Channel Estimation 


As noticed from the previous section, the equalization process (both in DFE and MLSE) requires 
estimation of equalizer tap coefficients. These equalizer coefficients are related to channel tap coef- 
ficients. Therefore, estimation of channel coefficients is a critical part of the receiver design. There 
are various techniques for channel estimation. If the channel is time-invariant or can be assumed 
to be static over the duration of a burst in TDMA-type of communication (like in GSM and EDGE, 
where the slot duration is short, 577 microseconds, so that the channel response over the time slot is 
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approximately constant for reasonable vehicle speeds [15, 16]), then the channel coefficients can be 
estimated over the known training symbols, and then these estimated channel coefficients can be 
used to equalize the rest of data symbols. There are various techniques for estimating the channel 
coefficients using training symbols as described in detail in [4]. 

Least squares (LS) channel estimation is a very commonly used technique when a training 
sequence is available [17-20]. 

We can rewrite Eq. (8.13) in vector and matrix forms. Assuming a total of K received samples, the 


following column vectors are defined as: r = [79 7, +++ g_]7, h= [h(O) h() --- Hh —1)]', and 
Z = [% Z °** Ze_y]". Then, Eq. (8.13) can be expressed as: 

fr = Bh + zl], (8.17) 
where B is a K x J matrix whose rows correspond to different shifts of the transmitted sequence of 
symbols. 


The LS channel coefficient estimate is defined by 
h,; = arg min (x — Bh)" (r — Bh), (8.18) 


where K = N — (J — 1) samples are used to form r. By differentiating with respect to each channel 
coefficient and setting the result to zero, the following closed-form expression for the LS channel 
estimate can be obtained as: 


h,, = (B"B) 'B"r. (8.19) 
Substituting Eq. (8.17) into Eq. (8.19), the LS channel estimate can be expressed as: 
h,, =h+ (BYB) 'B%z, (8.20) 


From Eq. (8.20), the mean-squared-error (MSE) matrix, assuming white noise, is given by 
(B'B)-1o2. Thus, the estimation error variance depends on noise power, length of the training 
sequence, number of channel taps, and correlation properties of training sequences [17]. 

The estimation error variance is minimized when B“B = (N — (J —1))I [18]. This property 
defines “ideal” autocorrelation properties for a training sequence used with LS channel estimation, 
as the off-diagonal elements of B”B are correlations between different portions of the training 
sequence. With ideal autocorrelation properties, the estimation error variance simplifies to 
o2 /(N — (J —1)) and the MSE matrix becomes 


o2 
MSE, , = ( wn) I (8.21) 


Observe that the error in different coefficient estimates is uncorrelated. Also, the estimation vari- 
ance is inversely proportional to N — (J — 1). 

In the following Matlab code, LS channel estimation is implemented in time-invariant multipath 
channels. A block-fading model is used where the channel is constant over a burst but independent 
across different bursts. A symbol-spaced multipath channel model is considered. The transmitted 
symbols are passed through the channel filter and the signal is received along with AWGN noise. 
The channel estimates are used in the MLSE equalizer. The performance of the MLSE equalizer 
with a three-tap multipath channel is shown in Figure 8.19. The performance of the receiver (with 
LS channel estimation and MLSE equalization) in dispersive channel is compared with the perfor- 
mance in flat fading channel (with a single-tap receiver and practical single-tap channel estimator). 
As can be seen, when an MLSE equalizer is employed, the receiver performs better in dispersive 
channel compared to flat fading channel due to the diversity obtained in these channels. 
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Figure 8.19 Performance in flat fading and dispersive channels with LS channel estimation and MLSE 


equalization. 


32 


SNR=[0 3 6 9 12 15 20 301; 
N=500; er i 
NN=1000; 1 
L=3; imbe 
symb_tr=[-1 1 1 “<1 1, =i <1 Mo) al dy 
cl Pd Ee <0, Je Lad, adh dy 2d, ed ik 3 
tail=[1 1 1 1 1]; 


N_tr=length(symb_tr); 


pp=1:NN 


symb=2* (randn(1,N)>0)-1 ; 
frame=[symb_tr syns tail]; 
cir=(randn(1,L)+j*randn(1, Ly) /eqrete) faceted 1); 


cx= filter(cir, / frame); hy sh ¢ 
noise=(randn(1,length(rx) )+j*randn(1,length(rx)))/sqrt (2); 


kk=1: length (SNR) 

sgnl_rx = rx + noise*10*(-SNR(kk)/20); ise 
aa=convmtx(symb_tr(:),L); 

aa=aa(L:N_tr,:); 

cir_est = inv(aa' * aa) * aa' * sgnl_rx(L:N_tr).' 
symb_egq=mlseeq(sgnl_rx,cir_est, [1 -1],3,'rst'); 
sym_indx=N_tr+1:N+N_tr; 


ber (pp, kk) =length (find (symb_eq(sym_indx) #symb) ) /length(symb) ; 


semilogy(SNR, mean(ber)); xlabel('SNR'); ylabel('BER' 
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8.3.3. Frequency-Domain Equalization 


As wireless systems are becoming broadband, multipath dispersion of several microseconds makes 
it difficult and very complex to employ time-domain equalization techniques that are discussed in 
previous subsection, since the ISI could span over the duration of several dozens of data symbols. In 
fact, this was one of the main driving forces for the integration of multi-carrier-based technologies 
(like orthogonal frequency division multiplexing [OFDM]) in broadband communication systems 
as discussed in detail in Chapter 7. Multicarrier systems, such as OFDM, shift the complex equal- 
ization process from time-domain to frequency-domain where a simple complex multiplication 
operation is employed at each carrier. A single-carrier alternative of employing equalization in 
frequency-domain works similar to the one in OFDM, where the data symbols are grouped in 
blocks and each block of data symbols are cyclically extended with cyclic prefix (CP) or guard 
interval before the transmission. At the receiver, after the removal of CP, the block of data sym- 
bols are transferred to frequency domain to employ equalization [21-23]. Once the data block is 
equalized in frequency domain, then it is converted back to time for the demodulation of data sym- 
bols. The block size and cyclic prefix length requirements are similar to the OFDM modulation. 
Unlike OFDM, in single carrier frequency domain equalization (SC-FDE), data symbols are not 
mapped from frequency to time at the transmitter (no fast Fourier transform [FFT]), hence each 
data symbol occupies the whole bandwidth. Therefore, SC-FDE has a lower peak-to-average power 
ratio (PAPR) compared to OFDM. Another difference between SC-FDE from OFDM is that the fre- 
quency diversity is exploited by the averaging over the whole frequency band that is inherent in 
the equalization process. Therefore, unlike OFDM, channel coding might not be necessary when 
there is spectral fading. 

At the receiver, after removing the CP, if we take discrete Fourier transform (DFT) of the received 
signal block of r,,(k), in frequency domain, we get the following for each block: 


Rink) = Ain (O)B (kK) + Zin(K), (8.22) 


where H,,,(k) is the DFT of the channel impulse response of the mth block, B,,(«) are the DFT 
of the mth data block, and Z,,(«) are the noise terms. In order to be able to equalize the received 
signal in frequency domain, the channel frequency response needs to be estimated. If we assume 
H,,(k) is the estimate of the channel frequency response, and employ zero-forcing equalization at 


A ‘ y: Hence, after the equalization, the frequency 


m\k 


the receiver, the equalizer coefficients will be 
samples can be represented as: 


H,(« Z)(K 
RF = R,(K)—— = nk Bt me (8.23) 
Ay(k) Hy, (x) Ay («) 
with perfect channel estimation, the above equation can be re-written as 
ZihK) 
RF = BLK) + ——. (8.24) 
m(K) 


After the equalization is achieved, the data samples in frequency domain are converted back to 
time for the demodulation and decoding process. Note that the equalized symbols might suffer 
from the noise enhancements when there are deep fades in the channel frequency response. As 
can be seen from the above equation, noise samples are multiplied with the inverse of the channel 
frequency response. When there is a deep fade in the channel frequency response, the noise will 
be multiplied with a large number, and after inverse discrete Fourier transform (IDFT) operation, 
this enhanced noise sample will be spread to all data symbols in the block. 
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Figure 8.20 Performance of SC-FDE with known channel and with BPSK-modulated data symbols. Both ZF 
and MMSE equalization are shown. As can be seen, MMSE equalizer works better assuming the knowledge 
of noise variance. Note that the power loss due to the CP is not considered here for SNR adjustment. 


The goal of zero-forcing equalization is to flatten the channel frequency response (or mitigate 
ISI). However, as described above, this goal is achieved with the penalty of noise enhancement. 
Therefore, this goal needs to be balanced so that the noise power is not enhanced. The noise 
enhancement problem can be partly alleviated by employing a minimum mean square error 
(MMSE) equalizer, which minimizes the expected mean squared error between transmitted 
and detected symbols at the equalizer output. Hence, MMSE provides a better balance between 
spectrum flatness (ISI mitigation) and noise enhancement. The equalizer coefficients in MMSE 


At (x) 
m where o2 


equalizer can be given as: ——“——— 
q g IFi,(x) P02” 0 


represents the noise variance. The equalized 
samples can be given as: 


B,,(K)H: (x) , Z (KH («) 


RMMSE _ 
IH n(x) +05 | [Hn (x)I? +66 


m 


(8.25) 


The following Matlab code simulates SC-FDE with both zero-forcing and MMSE equalization. 
The corresponding plots are given in Figure 8.20. 

Like in OFDM, SC-FDE suffers from RF front-end impairments. Even though SC-FDE is more 
robust to power amplifier nonlinearities due to lower PAPR, time-varying impairments like Doppler 
spread, frequency offset, and random phase noise can severely impact the performance of SC-FDE 
like in OFDM. These impairments and their impact have been well studied in OFDM, but, until 
the writing on this chapter, there is very limited amount of research available on the impact of 
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time-varying impairments on SC-FDE. Even though one might think that the time-varying impair- 
ments could impact the performance of SC-FDE similar to OFDM as they both employ equal- 
ization in frequency domain, in practice, there are several differences. One obvious difference 
is that in SC-FDE, the modulated data symbols are in time (not in frequency). Therefore, after 
the equalization, the equalized samples need to be transferred back to time. As a result, before 
the demodulation of the data symbols, the impact of the time-varying impairments can be partly 
compensated which was not the case in OFDM. However, the impact of these time-varying impair- 
ments, after frequency-domain equalization and transferring back to time, might not be modeled 
the same as before. The impact of frequency-domain equalization on these impairments needs to 
be modeled properly before the suppression of their effect. At this point, this is an open research 
area; therefore, in this chapter, we will not discuss it further. Similar to time-varying impairments, 
other RF front-end impairments like I/Q modulation impairments (I/Q gain imbalance, DC off- 
set, and quadrature error), sampling clock error and common phase noise need to be investigated 
further for SC-FDE. 


1 
2 N=256; 

30 L=5¢% 

4 NN=15000; 

5 SNR=[2 4 6 8 10 12 15 20 30]; 

6 CP_size=1/4; 

7 

8 11=1:NN 

9 symb=2* (randn(1,N)>0)-1; 

10 frame=[symb ( -N*CP_sizetl: ) symb]; 

11 

12 

13 cir=(randn(1,L)+j*randn(1,L))/sqrt(2)/sqrt(L); 

14 

15 

16 rx=filter(cir,1,frame) ; 

17 noise=(randn(1,length(rx))+j*randn(1,length(rx)))/sqrt(2); 
18 

19 kk=1:length (SNR) 

20 sgnl_rx = rx + noise*10* (-SNR(kk)/20); 

21 

22 sgnl_rxo=sgnl_rx(N*CP_sizetl: EH 

23 sgnl_rxF=fft (sgnl_rxo) *sqrt (N) ; 

24 CFR=fft(cir,N)*sqrt(N); 

25 

26 sgnl_eq_ZF=sgnl_rxF./CFR; 

27 sgnl_eq_MMSE=sgnl_rxF.*conj (CFR) ./ (abs (CFR) .*2+10* (-SNR(kk) /10)); 
28 

29 sgnl_eq_ZF_t=ifft(sgnl_eq_ZF)/sqrt(N); 

30 sgnl_eq_MMSE_t=ifft (sgnl_eq_MMSE) /sqrt (N); 

31 

32 symb_dtct_ZF=sign(real(sgnl_eq_ZF_t)); 

33 symb_dtct_MMSE=sign (real (sgnl_eq_MMSE_t)); 

34 ber_ZF(11,kk)=length (find(symb_dtct_ZF¥symb) )/length(symb) ; 
35 ber_MMSE (11,kk)=length(find(symb_dtct_MMSE¥symb) )/length(symb) ; 
36 

37 

38 «figure(1);clf 

39 semilogy(SNR,mean(ber_ZF),'r-o') 

40 hold 

41 semilogy(SNR,mean(ber_MMSE),'k-—*') 

42 xlabel('s (dB) ') 

43 ylabel('BER 


Another issue that is worth mentioning here is that in OFDM, when there is spectral fading (in 
one or some of the carriers), the impact is local in those frequencies. The frequency-domain equal- 
ization (or channel correction) does not impact SNR. In other words, the SNR before and after the 
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equalization is the same for these carriers where data symbols are embedded into them. Asa result, 
noise enhancement is not an issue during the equalization process. On the other hand, in SC-FDE, 
the impact of equalization is not local. It impacts all the data symbols (which are in time) within the 
block. As a result, noise enhancement is a very critical issue when linear equalization is employed 
in SC-FDE. Due to the impact of noise enhancements of linear equalizers, recently, nonlinear equal- 
ization techniques are being considered along with frequency-domain linear equalization [22]. This 
is also a critical area in SC-FDE that requires more research. 


8.4 Extension of Dispersive Multipath Channel to DS-CDMA-based 
Wideband Systems 


A similar system model that is used for narrowband systems in dispersive channels can be used for 
direct spread code division multiple access (DS-CDMA) systems. For these systems, the pulse shape 
f@) is replaced with the convolution of the chip sequence and a chip pulse shape. Basically, each 
symbol is represented by a sequence of N, chips, so that T = N.T,, where T, is the chip period. We 
refer to N, as the spreading factor, which is typically a large integer (e.g. 64, 128) for speech appli- 
cations. In the DS-CDMA type of systems, the chip sequence might change each symbol period, so 
that the overall symbol pulse shape is time-dependent (f(z) is replaced by f,(c)). Also, channel tap 
delays are typically modeled in the order of the chip period T,, not the symbol period T as the multi- 
path resolvability is increased by spreading the signal over wider bandwidth. Thus, z(7) = ?T./M. 
As in the narrowband case, we assume M = 1. 

Like the narrowband case, the receiver correlates to the symbol pulse shape. For each symbol 
period k, it produces a “despread” value for each of the L channel taps, i.e. 


lee = [ feowe +7t(¢))dt C0 =1,...,L. (8.26) 


In practice, this involves filtering matched to the chip pulse shape followed by correlation 
(despreading) using the chip sequence for symbol k (see Figure 8.21). Assuming the spreading 
factor is large enough, the contribution from adjacent symbols (ISI) can be ignored. Thus, for 
symbol period k, the despread value for the 7th channel tap can be modeled as: 


Nee © DCC, KT)R, ¢ (KT, — CT) + Ze- (8.27) 
Typically Ry, GT.) & OW) (e.g. when N. is large), so that 
Vee & CEC, KT) b, + Zee = ACC), + Zee: (8.28) 
Comparing Eqs. (8.28)-(8.13), we see that the DS-CDMA case can be treated as L separate flat 
channels. 


The RAKE receiver [9] combines signal energy from each signal image to form a decision vari- 
able. For BPSK modulation, this gives the detected bit value 


L 
b, = sen (xe { pMACA kT) nv \) : (8.29) 
f=1 


Observe that the despread values are weighted by the conjugates of the channel coefficient esti- 
mates, then added together. Thus, channel estimates are needed to combine the signal images 


properly. 
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Chip 


pulse shape 


h*(L-1) 


Figure 8.21 Rake receiver. 


In a coherent Rake receiver, the placement of fingers on the path delays of multipath disper- 
sive channel and estimating the corresponding multipath coefficients are critical. One way to get 
around the finger delays estimation is to place fingers in each chip interval (chip-spaced finger). 
This is possible due to pulse shaping which makes the multipaths within a chip duration to be 
correlated, and hence relaxing the requirement of the exact estimation of the multipath delays. 
However, in this case, it is required to assign more fingers than necessary (compared to the case 
where exact finger locations are estimated) to be able to collect maximum amount of energy that is 
distributed to multiple paths. As we discussed above, the channel coefficients estimation problem 
is relatively easy as for each finger it is similar to estimating flat fading channel that is described 
earlier. 

In the following Matlab code, simulation of Rake receiver on a very basic CDMA system is illus- 
trated. The simulation parameters are derived from the Time Division Synchronous Code Division 
Multiple Access (TD-SCDMA) standard! [24], where time division duplexing (TDD) is combined 
with synchronous CDMA. Only one slot is simulated in an oversimplified manner to avoid com- 
plexity and confusion and keep the focus on the simulation of CDMA concept and Rake reception. 
The multipath delays are chosen to be chip-spaced in the simulation. At the receiver, multipath 
delays and corresponding complex coefficients are assumed to be known. In practice, both the 
delays and coefficients need to be estimated using the known midamble sequence (or using pilots 
in other CDMA standards) which is 144 chips long. At the receiver, a Rake reception is employed 
with maximal ratio combining. 


1 TD-SCDMA was recommended as a radio transmission interface to the International Telecommunication Union 
(ITU) and consequently declared one of the 3G standards. 
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723 yl=sgnl_combined*exp(-j*pi/4) ; 

74 b0=abs((sign(real(yl))-1)/2); 

7s bl=abs((sign(imag(yl))-1)/2); 

7% bits_rec=reshape(([b0(:) bl1(:)]).',1,2*length(b0)); 

77 

73 BER=length(find(bts(usr_sel,:)# bits_rec))/length(bits_rec) 


8.5 Conclusions 


In this chapter, a basic single-carrier communication system is studied. The transmitter and 
receiver blocks for various channel and impairment conditions are discussed. Single-carrier 
systems offer several advantages compared to multi-carrier systems even if the latter has gained 
more popularity recently. Especially, when the time variation of the channel and/or impairments 
are critical, single-carrier waveform offers the ability to track and compensate these variations as 
it offers better processing resolution in time. At the end of the day, there is no waveform that suits 
perfectly to all channel and impairment conditions. Ultimately, different waveforms offer various 
trade-offs and they all have their preferred scenarios. It is possible that the future radio access 
technologies would offer a variety of these waveform options for more flexible system design. 
Hence, the combination of multiple waveforms can be used in a hybrid manner to satisfy multiple 
application simultaneously. 
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In wireless communication systems, system resources are distributed among multiple users to 
enable what is called multiple accessing [1, 2]. This chapter sheds light on the issue of how to intel- 
ligently share the resources in a hyperspace whose dimensions are time, frequency, space, beam, 
and code. Popular multiple access schemes are revisited and visualized with different tools, and 
basic implementation procedures are provided to understand the concept thoroughly. 

So far, different multiple access techniques have been deployed for wireless communication tech- 
nologies, and they become a prominent element in developing wireless communication systems 
[3]. In the first generation, cellular networks were employed with frequency division multiple 
accessing (FDMA), where the frequency band is divided into frequency channels and assigned to 
users. In the second generation, time division multiple access (TDMA) was used where the new 
dimension, time, is introduced. The transmission duration is divided into time slots and assigned 
to each user. In the third generation, code division multiple access (CDMA) was deployed, which 
utilizes larger bandwidth by spreading the modulated symbols. The fourth and fifth generations 
of cellular systems are deployed with the orthogonal frequency division multiple access (OFDMA) 
whose physical resources are time slots and frequency subcarriers. OFDMA technology gives flex- 
ibility in resource allocation and keeps the available information bandwidth at the desired band. 
Additionally, directional antennas often obtained by employing antenna array processing, add the 
angular dimension that can also be used to channelize the signal space. This multiple access tech- 
nique is called as space-division multiple access (SDMA). Table 9.1 categorizes several multiple 
accessing schemes that are used in several standards and wireless technology generations. More 
details will be given inside the sections about these deployments. 

This chapter also provides a comparison between random access schemes. It also gives insight 
into which specific scheduled or random access technique to apply. It emphasizes the real wire- 
less system development problem of how to design a multiuser system depending on the system 
requirements, traffic characteristics of users in the network, performance measurements, chan- 
nel characteristics, and other interfering systems operating in the same bandwidth. Today’s wire- 
less networks are also discussed to present the evolution of wireless communication and multiple 
access. 


9.1 Preliminaries 


This section explains the terminology used throughout the chapter, including duplexing schemes, 
downlink, and uplink transmission. 


Wireless Communication Signals: A Laboratory-based Approach, First Edition. Htiseyin Arslan. 
© 2021 John Wiley & Sons, Inc. Published 2021 by John Wiley & Sons, Inc. 


235 


236] 9 Multiple Accessing, Multi-Numerology, Hybrid Waveforms 


Table 9.1 Multiple access techniques in different wireless technologies. 


MA technique Physical resources Standardization 

FDMA Frequency 1G, AMPS, NMT, Wake-up radio 
TDMA Time slots 2G, GSM, IS-54 

CDMA Time slots/PN codes 3G, WCDMA, IS-95, CDMA2000 
OFDMA Time/frequency 4G-LTE, 5G-NR 


9.1.1 Duplexing 


Radio frequency (RF) transmission is grouped in three different categories regarding its trans- 
mission and reception functionality, such as simplex, half-duplex, and full-duplex. A simplex RF 
system is a radio technology that allows only one-way communication from a transmitter to a 
receiver. A half-duplex RF system provides both transmission and reception functionality, but not 
simultaneously. The communication is bidirectional over the same frequency, but unidirectional 
during the communication period. A full-duplex system providing high spectral efficiency in a 
cost-efficient manner allows communication at the same time and frequency resources. However, 
the self-interference issue, which is depicted in Figure 9.1, is a restrictive challenge that needs 
to be solved. Encouraging techniques for self-interference mitigation and more insights about 
full-duplex communication can be found in [4] and references therein. 

Frequency division duplexing (FDD) provides two distinct bands of frequencies for every user to 
perform two-way traffic between the base station (BS) and user equipment (UE). On the other hand, 
time division duplexing (TDD) exploits the time slots to provide two-way traffic. An advantage of 
TDD is the channel reciprocity property that is widely used in current cellular standards. The main 
idea is that bi-orthogonal channels are typically symmetrical in their channel gains, so channel 
measurement made in one direction can be used to estimate the channel in the other direction. 
Therefore, uplink pilots can be used to estimate the channel in the downlink transmission. 

Moreover, TDD utilizes the spectrum more efficiently than FDD. FDD cannot be used in an envi- 
ronment where the service provider does not have enough bandwidth to provide the required guard 
band between transmit and receive channels. On the other hand, FDD introduces no additional 
time delay and latency as channels are always open. In contrast, additional latency is added in the 


<—_ — 
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— —> Self interference 
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Figure 9.1 Full duplex communication. 
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Figure 9.2. Time and frequency division duplexing. 


> Time 


TDD to ensure that transmit and receive links do not overlap. Resource sharing in the uplink and 
downlink transmission for FDD and TDD transmission can be seen in Figure 9.2. 


9.1.2. Downlink Communication 


In the downlink transmission, as shown in Figure 9.3, BS transmits a common signal which con- 
sists of the aggregate sum of all UEs signal in that cell. It is assumed that there is no multipath 
effect during the transmission. Each UE is physically located in a different position in the cell 
and thus experiences different channel effects, including path loss, shadowing, and one-tap fad- 
ing, denoted by h*. The additive white Gaussian noise (AWGN) in each UE receiver is represented 
by w*. 

The received signal from the downlink channel by the kth user transmitting its signal with power 
P* is represented as: 


K 
¥ = h* (de) +w*, (9.1a) 


k=1 
and 
K 
SP aPan PkkSK, (9.1b) 
k=1 
w! 
O-o 
w2 User 1 
((p))- —F}+-O— 
A User 2 


Base station 


Figure 9.3 Downlink communication. 
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where the total number of users is denoted by K and P,,,,, stands for total power that BS can trans- 
mit. As it can be seen for kth user in Eq. (9.1), both signal x*(t) and interference x/(t), j # k, are 
distorted by the same channel h*(t). 

Some of downlink wireless communication types can be exemplified as: 


e radio and television broadcasting, 
e transmission link from satellite to multiple ground stations, 
e transmission link from a base station to the mobile terminals in a cellular system. 


9.1.3. Uplink Communication 


In the uplink transmission, as shown in Figure 9.4, each UE emits its signal that comes across 
with different fading channel. These individual signals are superimposed at the BS with its AWGN 
denoted by w. The received signal y at the BS can be represented as: 


K 

y= ere +w, 1<k<K, (9.2) 
k=1 

where each user has an individual power constraint P*. Since the signals are sent from different 

transmitters, these transmitters must coordinate if signal synchronization is required. Even if the 

transmitted powers P* are the same, received powers associated with other users will be different 

since their channel gains (h*) are random depending on large- and small-scale fading effects. 

Examples of uplink wireless communication include the followings: 


e data transmission from any device to a wireless LAN access point, 
e transmissions from ground stations to a satellite, 
e transmissions from mobile terminals to a base station in cellular systems. 


9.1.4 Traffic Theory and Trunking Gain 


In this section, how many subscribers can be covered with a wireless communication system by 
one BS will be investigated. It is described in a very simplified way how to compute the required 
number of communication channels so that a given number of users can be served with a sufficient 
quality. Trunking is the process of the user assignment to channels on demand where each cellular 
cell has a pool of channels. When the user requires service, a channel is allocated to that user. 
When the user no longer requires service, the channel returns to the pool in order to be allocated 
to next users. The concept of trunking can be applicable to any wireless network that channelizes 
the hyperspace resources. 


Figure 9.4 Uplink communication. 
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Figure 9.5 Channel trunk with several random occupations. 


Here, it is assumed that a system is designed purely for speech communication. For the following, 
the offered traffic is defined as the product of the call arrival rate (1/s) and the average call holding 
time (s); the offered traffic is usually said to have the unit Erlang, a traffic flow unit, though this 
is a dimensionless quantity [5]. The channel trunk with random occupations by different services 
can be depicted as in Figure 9.5. The essential equations for traffic theory can be defined as follows: 


Neait 
Thoia = » ti/Neau» (9.3) 
i=l 
A, =AThoig Erlang, (9.4) 
Avptal = UA, Erlang, (9.5) 


where T,,,/. t;, and N, 


call aCe average holding time, occupation time of ith call, and total number 


of calls, respectively. Let A, and A,,,,; denote traffic intensity per user and total system traffic for 
U users, respectively, where A denotes the average call request rate per user. Here one unit Erlang 
means that one channel is occupied continuously. 

Traffic theory aims to accommodate a large number of users with a small number of channels. It 
exploits the statistical behavior of users. In a trunked system, when a user requests service and all 
channels are already in use, the user is blocked. Grade of service (GOS) is the measure of the ability 
of a user to access the trunked system during the busiest hour. To meet the GOS requirement of the 
system, it is crucial to estimate the maximum required capacity and to allocate a proper number of 
channels. Traffic tables depict how many channels are required for a minimum GOS. One example 
of a traffic table can be found in the Appendix. 

The number and duration of calls depend on the time of day. Therefore, the busy hour, which is 
usually around 10am and 5 pm, can be defined as the hour when most calls are made. The traffic 
during that busy hour determines the required network capacity. Moreover, the spatial distribution 
of users is time-variant. While business districts (city centers) usually see a lot of activity during 
the daytime, suburbs and entertainment districts experience more traffic during the nighttime. So, 
telephoning habits change over the years. While in the late 1980s, calls from cellular phones were 
limited to a few minutes, now hour-long calls have become quite common. 

For the computation of the blocking probability of a simplified system. We make the following 
assumptions: 


e The time slots when calls are placed are statistically independent. 

e The duration of calls is an exponentially distributed random variable. 

e Ifa user is rejected, his/her next call attempt is made statistically independent of the previous 
attempt (i.e. behaves like a new user). 
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Such a system with these assumptions is called an Erlang-B system [6]. The probability of call 


blocking in the Erlang-B system can be shown to be 
Nynl 
p = T,, / Noe! 
block = IN oR)’ 
Haar 3 4 


where N,, is the number of speech channels per cell, and T,,. is the average offered traffic. 


(9.6) 


1 Ne = [5 10, 20, 50,100]; 
2 T_tr = logspace(-1,2,50); 

3 figure() 

4 i = 1:length(Nc) 

5 j = l:length(T_tr) 

6 Pr_block(i,j) = T_tr(j)*Ne(i)/factorial(Nc(i))... 
7 /sum(T_tr(j).*[0:Nc(i)]./factorial(0:Nc(i))) 

8 

9 


loglog(T_tr,Pr_block(i,:)) 
10 hold on 


12. legend('Nc=5', 'Nc=10', 'Nc=20', 'Nc=50', 'Nc=100') 
13. grid on; ylim([le-3 1]}) 


It can be seen in Figure 9.6 that the ratio of required channels to offered traffic is very high, if N,. is 
small, especially for low blocking probabilities. Assuming the required blocking probability of 1%, 


the ratio of possible offered traffic to available channels is about 0.9 for N,, = 50. 


In the research of next-generation wireless networks, including 5G, promising solutions come 
up to meet the requirements of applications such as streaming, computing, gaming, communicat- 
ing, and storage. Definitely, these diverse applications and immense usage of wireless bands lead 
researchers to investigate the traffic models of 5G and beyond 5G. The details about the use case 


and related traffic models can be found in [7]. 


10° 


107! L 


Blocking probability 


10-3¢ 


10! 102 
Offered traffic/Erlang 


10° 


Figure 9.6 Blocking probability in an Erlang-B system. 
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9.2 Orthogonal Design 


Currently, most of the wireless communication standards prefer to design orthogonal frames 
in order to manage the interference between the users. Figure 9.7 depicts several orthogonal 
schemes separated in different hyperspaces that are commonly used in wireless communication 
standards. 


9.2.1 TDMA 


In TDMA structure, users allocate different time slots separated orthogonally, which means that 
users’ transmission does not partially or fully overlap with each other in the time domain. Time 
slots often have guard bands in time to separate different user’s slots because synchronization errors 
and multipath causes inter-symbol interference (ISI) [8]. Ina TDMA frame, the preamble contains 
the address and synchronization information that both the base station and subscribers use to iden- 
tify each other. Guard times are utilized to allow synchronization of the receivers between different 
slots and frames. 
TDMA properties can be listed as follows: 


e Data transmission for users ofa TDMA system is not continuous, but it occurs in bursts. This kind 
of transmission results in low battery consumption because the subscriber transmitting unit can 
be turned off when it is not in use. 

e High synchronization overhead is needed. 

e Since each TDMA transmissions are slotted, receivers need to be synchronized for each data 
burst. 


Power Power 
Frequency 


Frequency User 3 


Time 


(b) 


Code Frequency 


User | 
Time a User 3 


(c) User 2 


Figure 9.7. (a) Time division multiple access (TDMA). (b) Frequency division multiple access (FDMA). (c) 
Code division multiple access (CDMA). (d) Space division multiple access (SDMA). 


241 


242 


9 Multiple Accessing, Multi-Numerology, Hybrid Waveforms 


<— 120 ms ——_ » 


26 frames = multiframe 
| (CECE - 


— 
\ 3 kHz 
Voice 


q 3 kHz 5 
R 2 Divitizer 13 kbps 
8 Users ~< Voi 


y 3 kHz 3 = 
Z Voi Digitizer le 
oice 


CRASSA ALLELES MME MEME I SEL SE 


Each slot: 
156.25 bits 


270.8 kbps 


>Zon 


& 
Channel 2 200 KEE 


25 MHz 


Channel 124 200 kHz 


Figure 9.8 GSM frame structure including TDMA and FDMA. 


e Guard slots are necessary to separate users in TDMA. Also, guard bands in the time domain allow 
time delay variations of uplink transmissions. 

e Adaptive and complex equalization is usually necessary for TDMA systems because high trans- 
mission rates require long data duration as compared to FDMA systems. 


Different TDMA wireless standards have other TDMA frame structures. In Figure 9.8, global 
system for mobile communications (GSM) structure developed for 2G wireless communication 
systems is depicted using a combination of TDMA and FDMA. 25 MHz is allocated with 124 chan- 
nels with a 200-kHz band. Then, each channel is split into eight parts using TDMA for each user. 
A frame consisting of 8 slots carries 1250 bits. Twenty-six frames form a multiframe. For each user, 
each 3-kHz voice channel is digitized and compressed to a 13-kbps digital signal. After adding 
overheads and forward error coding bits, the channel data rate becomes 270.8 kbps. 


9.2.2 FDMA 


FDMA is usually combined with the FDD, where the total frequency band are split into sub- 
channel each user. A user send its data through a subchannel by modulating via a carrier 
wave at the frequency of the subchannel. The frequency band generally includes guard bands 
between them to compensate for imperfect filters, adjacent channel interference, and spectral 
spreading due to Doppler and phase noise [5]. Advantages of the FDMA system can be expressed 
as follows: 


e The synchronization of each user in FDMA transmission is simple. Once synchronization has 
been established during the call setup, it is easy to maintain it utilizing a simple tracking algo- 
rithm, as transmission occurs continuously. 

e The symbol time is large as compared to the average delay spread. It implies that the amount 
of intersymbol interference is low and, thus, little or no equalization is required in narrowband 
FDMA systems. 


9.2 Orthogonal Design 


Some difficulties in FDMA implementation are listed as follows: 


e FDMA requires tight RF filtering to minimize adjacent channel interference. 

e Jitters in the carrier frequency result in adjacent channel interference. High spectral efficiency 
also requires the use of very steep filters to extract the desired signal. Therefore, guard bands are 
generally used to separate bands. 

e The BS needs to transmit multiple speech channels, each of which is active during the whole 
time. Typically, a BS uses 20-100 frequency channels. If these signals are amplified by the same 
power amplifier, third-order modulation products lying at undesirable frequencies can be created 
due to the nonlinear region of the amplifier. Therefore, either a separate amplifier is utilized for 
each speech channel or a highly linear amplifier is used for the composite signal. Each of these 
solutions makes a BS more expensive. Also, nonlinearities in the power amplifier cause signal 
spreading in the frequency domain. 

e Ifan FDMA channel is not in use, then it sits idle and cannot be used by other users to increase 
or share capacity. 


9.2.3. Code Division Multiple Access (CDMA) 


In the CDMA, the signals of different users are modulated using bi-orthogonal or non-orthogonal 
spreading codes [2]. The resulting spread signals simultaneously occupy the same time and band- 
width, as shown in Figure 9.7c. 

In these multiuser systems, the interference between users is determined by the cross-correlation 
of their spreading codes. The design of spreading codes typically has either good autocorrelation 
properties to mitigate ISI or good cross-correlation properties to mitigate multiuser interfer- 
ence. However, there is usually a trade-off between optimizing the two features. Thus, the 
best choice of code design depends on the number of users in the system and the severity of 
multipath and interference. Downlink transmission typically uses orthogonal spreading codes 
such as Walsh-Hadamard codes, although ISI can result in the case of having of multipath 
channel. Besides, the uplink transmission uses non-orthogonal codes to increase the number 
of connectivity. More details about non-orthogonal transmission in uplink will be given in 
Section 9.3. 

The receiver performs a time correlation operation to detect only the specific desired codeword 
[8]. All other codewords appear as noise due to decorrelation. In CDMA, the power of multiple 
users at a receiver determines the noise floor after decorrelation. If the power of each user within 
a cell is not controlled such that they do not appear equal at the base station, then the near-far 
problem occurs. 

In existing CDMA systems, the received spreading codes are not entirely orthogonal, and the 
correlation process cannot be so efficient. The desired signal does not significantly distinguish itself 
from interfering users whose effect can be modeled as increased background noise. There are some 
suboptimal detection schemes to cope with inter-user interference (IUI). Rake receiver mentioned 
in Chapter 8 is one of them, which do not extract all CDMA codes in parallel. A parallel extraction 
method called joint detection unit is the optimal multiuser detection tool mentioned in [9] and 
references therein. 

In CDMA, stronger received signal levels raise the noise floor at the base station, thereby decreas- 
ing the probability that weaker signals will be demodulated. Power control is used in most CDMA 
implementations to combat the near-far problem. Power control is provided by each base station 
in a cellular system. It assures that each mobile within the base station coverage area provides the 
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same signal level to the base station receiver. Power control is implemented at the base station by 
rapidly sampling the received signal strength indicator (RSSI) levels of each mobile and then send- 
ing a power change command over the forward radio link. CDMA properties can be summarized 
as follows: 


e Multipath fading may be substantially reduced because the signal is spread over a large spectrum. 
If the spread spectrum bandwidth is greater than the coherence bandwidth of the channel, the 
inherent frequency diversity will mitigate the effects of small-scale fading [8]. 

e Channel data rates are supposed to be very high in CDMA systems. Consequently, the sym- 
bol (chip) duration is concise and usually much less than the channel delay spread. Since 
pseudo-noise (PN) sequences have low autocorrelation, signals coming along with multipath 
which are delayed by more than a chip will appear as noise. A Rake receiver can be used to 
improve reception by collecting time-delayed versions of the required signal. 

e InCDMA systems, since all the cells share the same spectrum, soft handoffs are possible. Multiple 
base stations can simultaneously decode the mobile’s data, with the switching center choosing 
the best reception among them. Soft handoff provides another level of diversity to the users [1]. 

e Since signals for the different users in the cell are all transmitted at the BS, it is possible to make 
the users orthogonal to each other, something that is more difficult to do in the uplink, as it 
requires chip-level synchronization between distributed users. It reduces but does not remove 
intra-cell interference, since the transmitted signal goes through multipath channels and signals 
with different delays from different users still interfere with each other. 


Figure 9.9 shows the code-domain power distribution under the time-invariant frequency- 
selective channel with AWGN. The number of taps and strength of noise determines the distri- 
bution of code-domain power. More taps cause more uncontrollable leakage on the symbols; 
therefore, code-domain power decreases. Moreover, code length also affects the code-domain 
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Figure 9.9 Plot of code powers serving four users out of eight codes. 


9.2 Orthogonal Design 


power, which gives resistance to multipath. Details for the generation of CDMA signals are given 


in Chapter 8. 


spread_code=[1 1111111; 1111-1 -1 -1 -1; 
121-1 -1141-1 -1; 11 ~=-1 -1 -1 -1: 1:1; 1-121-121-1421 ~=-1; 
1-1 1 -1 -1 1 -1 «137 1-1 -1:121=-1 -121; 1-1 -131+-1141 #-1); 


Ncs=352*2; 

Qs=8; 

SNR=20; 

M=4; 

mid=144; 

lo Max_num_users=8; User_all=4; 

ll ord=sort (randperm(8,4)); 

12. code_order = spread_code(ord,:); 


Cnmidunanunr wvne 


15 slot=zeros(1,864); 


16 u=1:User_all 

17 

18 bits(u,:) = randi([0 1],1,(Ncs / Qs)*log2(M)); 

19 

20 symb=qammod (bits (u, ',M, 'InputType', 'bit', 

21 'UnitAverageP , true); 

22 

23 symb_spread=reshape((symb(:) *code_order(u,:)).',1,Ncs); 
24 

25 chips_midamble(u,:)=(randn(1,144)>0) *2-1; 

26 

27 

28 slot=slot + [symb_spread(1:Ncs/2) chips_midamble(u,:) 
29 symb_spread(Ncs/2+1: ) zeros(1,16)]; 

30 

31 

32. L=2; 


33. Ccir=(randn(1,L)+1i*randn(1,L))/sqrt(2)/sqrt(L); 


35 xrx=filter(cir,1,slot); 
36 noise=(randn(1, length (rx) )+1li*randn(1,length(rx)))/sqrt(2); 
37. sgnl_rx = rx + noise*10*(-SNR/20) ; 


39 usr_sel = 1:Max_num_users 

40 LL=1:L 

41 

42 data_r=[sgnl_rx(LL:Ncs/2+LL-1) sgnl_rx(Nes/2+LL+ 
43 mid:Ncs/2+LL+mid+Ncs/2-1) ]; 

44 

45 sgnl_eq=data_r.*conj(cir(LL)); 

46 

47 

48 

49 sp_code=spread_code(usr_sel,:); 

50 x1lx=reshape (sgnl_eq, Qs, length(sgnl_eq) /Qs) ; 
51 rec_Ds(LL,:) = (x1lx.' * conj(sp_code(:)))/Qs; 
52 

53 s_comb(:,usr_sel) = mean(rec_Ds,1); 


55 E=10*1l0g10 (mean (abs (s_comb) .*2) /max(mean(abs(s_comb).*2))); 
56 b=bar(E);b(1).BaseValue = -20; 


9.2.4 Frequency Hopped Multiple Access (FHMA) 


Frequency hopped multiple access (FHMA) is a digital multiple access system in which the carrier 
frequencies of the individual users are varied in a pseudo-random fashion within a wideband chan- 
nel. The digital data is broken into uniformly sized bursts which are transmitted on different carrier 
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frequencies. The instantaneous bandwidth of any transmission burst is much smaller than the total 
spread bandwidth. The pseudo-random change of the carrier frequencies of the user randomizes 
the occupancy of a specific channel at any given time, thereby allowing for multiple access over a 
wide range of frequencies. In the FHMA receiver, a locally generated PN code is used to synchro- 
nize the receivers’ instantaneous frequency with that of the transmitter. At any given point in time, 
a frequency-hopping signal only occupies a single, relatively narrow channel [8]. FHMA properties 
are listed as follows: 


e FHMA systems often employ energy-efficient constant envelope modulation. Inexpensive 
receivers may be built to provide noncoherent detection of FHMA. 

e A frequency-hopped system provides a level of security when a large number of channels are 
used, since an illegitimate receiver that does not know the pseudo-random sequence of frequency 
slots must dynamically search for the signal that it wishes to intercept. 

e Frequency hopping is also used in cellular systems to average out interference from other cells. 


The spectrogram of the bluetooth signal, which utilizes FHMA, is depicted in Figure 9.10 gener- 
ated via MATLAB code provided below. 


1 numPackets = 10; 

2 sps = 16; 

3 messageLen = 2000; 
4 phyMode = 'LEIM'; 
5 channelBW = 2e6; 
6 symbolRate = 1le6; 

7 x= (1; 

8 winL = 1000; noverlap = 500; nfft = 8192; 
9 sampleRate = symbolRate*sps*10; 


11 rng default; 


12 packetIdx = 1:numPackets 

13 message = randi([0 1],messageLen,1); 

14 chanIndex = randi([0 39],1,1); 

15 (chanIndex >37) 

16 

17 accessAdd = [0110101101111101100 
18 TD 0:0) O02 TT 0.0) 07.1) 8 

19 

20 

21 accessAdd = [0000000100100 

22 Os L, 2 0: 0407.0) T SOh EOr Le T0008 Ted yy 

23 

24 waveform = erator (message, ' >', phyMode, 
25 s bol', sps, 

26 ,chanIndex, 

27 AccessAddress',accessAddqd) ; 

28 frequencyOffset = channelBW*chanIndex; 

29 waveform = waveform.* exp(1i*2*pi*frequencyOffset* 

30 (1: length (waveform) ).'/sampleRate) ; 

31 x = [x; waveform]; 

32 

33 {s,£,t]=spectrogram(x,winL,noverlap,nfft,sampleRate, 'yaxis'); 
34 ~imagesc(t/le-6,f/1e6,10*logl0(abs(s))); ylim([0, 100] 

35 set(gca,'YDir','normal'); cc = colorbar; 

36 ylabel(cc, 'Power/frequency (dB/Hz)'); 

37. hColourbar.Label.Position(1) = 3; 


9.2.5 Space Division Multiple Access (SDMA) 


SDMA uses direction (angle) as another dimension in signal space, which can be channelized and 
assigned to different users. It is generally done with directional or phased-array type antennas. 
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Figure 9.10 Spectrogram of Bluetooth signal having frequency hopping pattern. 


Orthogonal channels can be assigned to each user if the angular separation between users exceeds 
the angular resolution of the directional antenna. If directionality is obtained using an antenna 
array, a precise angular resolution requires a large array size [2]. Directionality can also be obtained 
with the sectorization of antenna arrays. Moreover, physical separation can be regarded as another 
way of SDMA where two transmitters can use the same portion of radio resource if both are not 
within the radio range of the same receiver. For example, transmitters in different cells can use the 
same frequency, which is called the reuse of frequency. 

The multiple antennas can be used to increase data rates through multiplexing or to improve 
bit-error-rate (BER) performance through diversity. It can also be used to create pencil-like beams 
to send a signal to a specific direction or user. In multiple-input multiple-output (MIMO) systems, 
the transmit and receive antennas can both be used for diversity gain. Multiplexing exploits the 
structure of the channel gain matrix to obtain independent signaling paths that can be used to 
send independent data. The spectral efficiency gains coming from multiple antennas often require 
accurate knowledge of the channel at the receiver and sometimes at the transmitter as well. In addi- 
tion to spectral efficiency gains, ISI and IUI can be reduced using smart antenna techniques [2]. 
The multiplexing gain of a MIMO system results from the fact that a MIMO channel can be decom- 
posed into a number r of parallel independent channels. By multiplexing independent data onto 
these independent channels, we get an r-fold increase in data rate in comparison to a system with 
just one antenna at the transmitter and receiver. The increased data rate is called multiplexing gain. 


9.2.5.1 Multiuser Multiple-input Multiple-output (MIMO) 

MIMO systems can be utilized in a cellular scenario where the BS communicates with multiple 
users at the same allocated resource block. The system model is depicted in Figure 9.11 where a 
single BS with N,, antenna elements communicates each with K UEs with N _ antenna elements. 
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Figure 9.11 Multi user MIMO system configuration. 


UE, 


It is generally assumed that N,, > NK,., with the constraint that Np. < ae Nie = Nup which is 
the general case occurring in cellular systems. For the multiuser MIMO systems, the key points can 


be emphasized as follows: 


e Scheduling considering the behavior of the wireless channel can significantly reduce the prob- 
ability of a breakdown of the overall capacity. If there are more UEs than BS antennas, then an 
intelligent scheduling algorithm can greatly reduce the possibility that the channel of users are 
linearly dependent. 

e In real wireless systems, it is not expected that many UEs collaborate to decode many data 
streams. With channel state information at the transmitter (CSIT), however, the BS can null out 
undesired streams in the direction of different UEs and thus transmit more data streams while 
still enabling a good signal-to-interference-plus-noise ratio (SINR) at each UE. 


Considering downlink transmission, the received signal vector y is 
y = Hx+w, (9.7) 


where the n, dimensional vector x denotes the collection of signals transmitted from jth transmitter 
x;. The matrix H is the MIMO channel with N;, transmit antennas at the BS and nyz total receive 
antennas. The UEs cannot cooperate for the decoding of the data streams. Therefore, each user has 
access to several elements of y not the whole vector. There are various ways of precoding at the Ty 
to eliminate interference at the UE, where the most common one is dirty paper code [10] requiring 
CSIT. The desired signal can be precoded in such a way that Ry does not see any interference 
in the presence of interference knowledge. The dirty paper analogy relates the interference in a 
communication channel to dirt that is present on a piece of paper. The signal is the ink, which is 
chosen based on interference, dirt. 

The model Eq. (9.7) assumes that the transmission is over flat-fading or narrowband channel. 
As a complementary waveform to MIMO design, orthogonal frequency division multiplexing 
(OFDM), which is discussed in Chapter 7, splits the wideband channel into many narrowband 
channels where MIMO processing can be implemented appropriately. 

A simple way of dealing with IUI is by precoding the symbol vector d with the pseudo-inverse of 
the channel matrix as follows: 


x = H#(HH"”)"4. (9.8) 


9.3 Non-orthogonal Design 


At the receiver, this approach results in y = d + w. This technique is called channel inversion 
[11]. This method has a drawback that in case of power constraint, an ill-conditioned channel 
matrix when inverted will require a large normalization factor that will dramatically reduce the 
SNR at the receivers. 


vy Nrx' = 10} 

2 Nuser = 10; 

3 Ntx = 10; 

4 SNR = -2:10; 
5 N_data = Nrx; 
6 M= 4; 

7 ii = 1: 1000 

8 jj = 1: length(SNR) 

9 snr=SNR(jj); noiseP=1; sPow=10*(snr/10); 


10 bits = randi([0 1],N_data*log2(M),1); 

1 d = gammod(bits,M, 'InputType','bit', 

12 "UnitAveragePower',true); 

13 H = sqrt (1/2) *(randn (Nrx, Ntx)+1i*randn (Nrx,Ntx)); 
14 x = pinv(H)*d; 

15 xX = sqrt (sPow/mean(abs(x).*2))*x; 

16 noise = sqrt(noiseP/2) .*(randn(Nrx,1)+li*randn(Nrx,1)); 
7 x2 = H'*inv(H*H'+(Nuser/sPow) * 

18 eye (size(H,1)))*d; 

19 x2 = sqrt (sPow/mean(abs (x2) .*2))*x2; 

20 y = H*x + noise; 

21 y2 = H*x2 + noise; 

22 dS = gqamdemod(y,M, 'OutputType', 'bit', 

23 "UnitAveragePower',true); 


24 ds2 qamdemod(y2,M, 'OutputType','bit', 
25 "Uni veragePower',true); 

26 ber(jj,ii) = mean(abs(dS-bits)); 

27 ber2(jj,ii) = mean(abs(dS2-bits)); 


30 BER = mean(ber, 2); 

31 BER2 = mean(ber2,2); 

32. figure(1l);semilogy (SNR, BER) ; 
33 hold on;semilogy (SNR, BER2) ; 


If it is assumed that white noise exists with power constraint P, then the regularized inversion 
for downlink will be as follows: 


x = H" (HH? + K/PI)"'d, (9.9) 


where the loading factor K/P maximizes the SINR at the receiver. The BER performance of both 
two techniques is demonstrated in Figure 9.12. Both methods are designed to achieve the SINR 
value that is identical for each user. However, in the case of dense cells with many users, each user 
may have different design parameters leading to different interference ratios. Therefore, a more 
sophisticated technique needs to be used to design multiuser MIMO systems. Readers interested in 
the advanced implementations of multiuser MIMO regarding user’s requirements may look at the 
references [5, 11-14]. 


9.3 Non-orthogonal Design 


In view of emerging applications such as the Internet of Things (IoT), and in order to fulfill the need 
for massive numbers of connections with diverse requirements in terms of latency and throughput, 
5G and beyond cellular networks are experiencing a paradigm shift in design philosophy: shifting 
from orthogonal to non-orthogonal design in waveform and multiple access. It is well known that 
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Figure 9.12 Uncoded probability of error for channel inversion and regularized inversion. 


the number of served users in all orthogonal multiple access (OMA) techniques is inherently lim- 
ited by the number of resources, i.e. the number of spreading orthogonal codes in CDMA and the 
number of resource blocks in OFDMA [3]. However, the concept of non-orthogonal multiple access 
(NOMA) has been proposed to overcome the limitation of orthogonal resources. 


9.3.1 Power-domain Non-orthogonal Multiple Access (PD-NOMA) 


Power-domain NOMA exploits the channel gain differences between the users for multiplexing 
via power allocation [3]. To illustrate the capacity region of NOMA systems, consider a single-cell 
network with two users, as depicted in Figure 9.13. The capacity regions of OMA, power-controlled 
OMA, and NOMA are compared in Figure 9.14. For the OMA model, TDMA is considered. The time 
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Figure 9.13 Power-domain NOMA. 
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Figure 9.14 Best achievable capacity regions in two user uplink for different multiple access schemes with 


SNR, = 6.9897 dB and SNR, = 10 GB. 


slot is divided by two fractions a and f where a + f = 1. In OMA scenario, power control of user 1 


and 2 become as follows: 
R, = alog,(1 + |h,|P,), 
R, = flog,(1 + |h,|P,). 
With the power control mechanism, R, and R, become 


[hy |P 
R, = alog,(1 + ——), 
a 


h,|P. 
R, = flog,(1 + | alP, 


, 
In NOMA, capacity regions are bounded as 
R, < log,(1 + |h,|P,), 
R, < log,(1 + |h,|P,), 


R, + R, < log,(1 + |h,|P, + |h,|P,), 


(9.10a) 
(9.10b) 


(9.11a) 


(9.11b) 


(9.12a) 
(9.12b) 
(9.12c) 


where these bounds are obtained with the assumption of perfect successive interference cancel- 
lation (SIC), where the strong received signal is totally removed from the superimposed signal to 


decode the other user’s signal. 


9.3.2 Code-domain Non-orthogonal Multiple Access 


Code-domain NOMA uses user-specific sequences for sharing the entire radio resource [3]. In the 
literature, there are several different techniques regarding code domain NOMA, such as sparse 
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code multiple access (SCMA) [15], interleave division multiple access (IDMA) [16], pattern divi- 
sion multiple access (PDMA) [17], low density spreading multiple access (LDS-MA) [18]. In this 
section, the most common one, which is SCMA, will be investigated. In this scheme, the encoding 
operations, for both the uplink and downlink, involve replacing the quadrature amplitude mod- 
ulation (QAM) modulator with an SCMA modulator, which maps the coded bits directly to the 
multidimensional codeword from the standardized codebooks. The decoding operations replace 
the single-user channel equalization and QAM de-mapper of existing LTE receiver with an SCMA 
demodulator that jointly detects the superposed data layers and output separate log-likelihood ratio 
(LLR) results to the turbo decoders of each layer [15]. 


timeFrac = linspace(0,1,100); 
f£SNR = 5; 
sSNR = 10; 


R2 = (1-timeFrac) *(1/2*log2(1+sSNR) ); 


1 
2 
3 
4 
5 Rl = timeFrac* (1/2*1log2(1+f£SNR) ); 
6 
7 
8 figure(); plot(R1,R2,'r') 

9 hold on 

11 Rl_pe = timeFrac.*(1/2*log2(1+f£SNR./timeFrac) ); 

122 R2_pe = (1-timeFrac) .*(1/2*1log2(1+sSNR./(1-timeFrac) )); 
13. plot(Rl_pc,R2_pc,'b') 


15 R1_R2 = ones(1,numel (timeFrac) ) * (1/2*log2(1+SSNR+£SNR) ) ; 

16 Ril_noma = linspace(0, (1/2*log2(1+f£SNR) )); 

17. R2_noma = min(R1_R2-Rl_noma, (1/2*1log2(1+sSSNR) )); 

18 R2_nomaRev = linspace(0, (1/2*log2(1+SSNR) )); 

19 Rl_nomaRev = min(R1_R2-R2_nomaRev, (1/2*log2(1+£SNR) )); 

20 plot(Rl_noma,R2_noma,'k'); plot (Rl_nomaRev, R2_nomaRev, 'k') 
21 legend('OMA', 'OMA-PC', 'NOMA') 


SCMA is capable of supporting overloaded access over the coding domain, hence increasing the 
overall rate and connectivity. By carefully designing the codebook and multidimensional modu- 
lation constellations, the coding and shaping gain can be obtained simultaneously. In an SCMA 
system, users occupy the same resource blocks in a low-density way, which allows affordable low 
multiuser joint detection complexity at the receiver. The sparsity of signal guarantees a small col- 
lision even for a large number of concurrent users, and the spread-coding like code design brings 
good coverage and anti-interference capability due to spreading gain as well [3]. 
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Figure 9.15 SCMA system model. 


9.4 Random Access 


An SCMA transmitter system model can be illustrated in Figure 9.15 where K synchronous users 
multiplexing over N share orthogonal resources. Each SCMA codebook maps the coded bits b,.,, toa 
N-dimensional complex codeword. Generated codewords are superimposed over the air transmis- 
sion in uplink or at the transmitter in downlink, constituting an SCMA block. This multiple access 
process is similar to that of CDMA, where the spread signals are replaced with the SCMA code- 
words. Multiuser detection is carried out at the receiver to recover the colliding codewords. Beside, 
SCMA uses sparse spreading to reduce interlayer interference, so that more codewords collisions 
can be tolerated with low receiver complexity [3]. 

In order to strike a good balance between link performance (close to maximum-likelihood detec- 
tion and robust to channel imperfection) and implementation complexity (the complexity of the 
receiver), the features of SIC with message-passing algorithm (MPA) can be combined to have a 
SIC-MPA receiver which developed to reduce the complexity of conventional MPA receiver. Specif- 
ically, MPA is first applied to a limited number of layers, so that the number of colliding lay- 
ers over each resource element does not exceed a given threshold value. Then, the successfully 
decoded MPA layers are removed by SIC, and the procedure continues until all layers are success- 
fully decoded, or no new data layer gets successfully decoded by MPA. Due to the fact that MPA 
is used for a limited number of layers instead of all the layers, the decoding complexity is greatly 
reduced [19]. 


9.4 Random Access 


Most data applications do not require continuous transmission. Actually, the data of users are gen- 
erated at random time instances so that dedicated channel assignment can be extremely inefficient. 
Moreover, most systems have many more total users consisting of active or idle users than can be 
accommodated simultaneously, so at any given time, channels can only be allocated to users that 
need them. Random access strategies are used in such systems to use available channels efficiently. 

If packets from different users overlap in time, the collision occurs, in which case both packets 
may be decoded unsuccessfully. Packets may also be decoded in error as a result of noise or other 
channel impairments. The probability of a packet decoding error is called the packet error rate. The 
performance of random access techniques is typically characterized by throughput T of the system. 
The throughput, which is unitless, is defined as the ratio of the average rate of packets successfully 
transmitted divided by the channel packet rate R, = R/N, where N is the number of bits in one 
packet and R is the channel data rate in bits per second [2]. Here, some random access techniques 
are explained. 


9.4.1 ALOHA 


There are two types of ALOHA-based random access. Pure (unslotted) ALOHA is asynchronous, 
where users transmit data packets as soon as they are formed. It has low throughput under heavy 
loads where the maximum throughput is 18% of incoming packets. Slotted ALOHA is synchronous 
where time is assumed to be slotted in time slots of duration r. Users can only start their packet 
transmissions at the beginning of the next time slot after the packet has formed, leading to no 
partial overlap of transmitted packets. Its maximum throughput increases to 36%. Itis used in GSM 
to reserve a time slot for a voice connection. ALOHA is preferred for wide-area applications. The 
transmission pattern of the ALOHA can be seen in Figure 9.16. 
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Figure 9.16 ALOHA based random access. 
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Figure 9.17 CSMA based random access. 


ALOHA is extremely inefficient owing to collisions between users, which leads to very low 
throughput. That’s why different random access techniques are investigated and used in modern 
wireless systems. 


9.4.2 Carrier Sense Multiple Accessing (CSMA) 


Carrier sense multiple accessing (CSMA) is a protocol called listen before the talk. Collisions can 
be reduced by CSMA, where users sense the channel and delay transmission if they detect that 
another user is currently transmitting. Still, collisions may occur if transmitters cannot sense the 
other transmission due to large propagation delay. There is a lower probability of collision and 
higher throughput than ALOHA. The transmission pattern of the CSMA can be seen in Figure 9.17. 

There are two types of carrier sensing, which are nonpersistent and persistent. In nonpersistent 
carrier sensing, the terminal senses the channel after a random waiting period once it senses a 
busy channel. In the persistent case, the terminal senses the channel until the channel becomes 
free. Once it is detected that the channel is free, the terminal can transmit immediately or randomly 
with probability p,. Still, CSMA has some issues such as the hidden terminal problem and exposed 
terminal problem due to the nature of wireless channels. More explanations about these problems 
can be found in [2]. 


9.4.3 Multiple Access Collision Avoidance (MACA) 


In multiple access collision avoidance (MACA), a sender transmits an request to send (RTS) mes- 
sage to its intended receiver before the data transmission. The data is transmitted only after the 


9.4 Random Access 


Preamble (RACH) 


ss 


Random-access response (RAR) including / 
timing advance and resource allocation ~) 
7 
J 


Contention resolution, device identity 


Contention resolution, completes the access 
reservation process 


Figure 9.18 Four step RACH procedure. 


reception of a clear to send (CTS) message from the receiver, which is sent after the reception of 
successful RTS. MACA also requires that any user that overhears a RTS or CTS packet directed 
elsewhere inhibits its transmitter for a specified time to avoid the collision. Its use is particularly 
useful when large message sizes are to be transmitted, but less interesting when small packets 
(comparable to the RTS/CTS packets) are to be transmitted [20]. MACA introduces overhead on 
the channel with RTS and CTS packet transmissions. 


9.4.4 Random Access Channel (RACH) 


The random access channel (RACH) is adopted in the standardization of both 3G, 4G-LTE, and 
5G-NR that is used for dynamic reservation of resources on the uplink [21]. It is the first message 
transmitted by UE when the power of UE is turned on. Before UE decides to send a RACH signal, 
there are many preconditions to be met, as described in follows. Users first randomly transmit short 
packet preambles and then wait for a positive acquisition indicator from the base station prior to the 
transmission of the complete message [3]. The random access procedure consists of a four-message 
handshake between the UE and the BS, which can be seen in Figure 9.18. 

The aim of the third and fourth messages to resolve the potential collisions due to simultaneous 
transmissions of the same preamble from multiple devices within the cell. 


9.4.5 Grant-free Random Access 


In order to meet the strict demands of next-generation wireless systems such as low latency and 
massive connectivity, the contention-based grant-free (GF) random access can be considered as a 
promising solution for uplink transmission. In this scheme, a UE is able to send a packet immedi- 
ately upon traffic arrival without needing a scheduling request. It is different from the grant-based 
(GB) uplink transmission in the existing wireless standards, where a UE has to send a schedul- 
ing request upon traffic arrival and get a dynamically scheduled uplink grant from the BS before 
the UE starts the uplink data transmission. Figure 9.19 illustrates the GF contention-based uplink 
transmission scheme with two users. 

Hence, the GF multiple access scheme addresses high connectivity, low latency, signaling over- 
head reduction, and UE energy-saving issues. Therefore, it is applicable to the small packet trans- 
mission and ultra-reliable, low-latency communication (URLLC) in 5G and IoT networks. Detailed 
explanations can be found in [3, 22]. 
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Figure 9.19 GF contention based transmission. 
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9.5 Multiple Accessing with Application-Based Hybrid Waveform 
Design 


Here various waveform structures to serve multiple applications are explained. In Section 9.5.1, 
different lattice designs leading to the multi-numerology OFDM concept are investigated. The main 
aim of having various lattice structures in time and frequency domain is to serve a different kind of 
applications with various requirements. On the other hand, a novel concept called radar-sensing 
and communication convergence is examined by the perspective of the hybrid waveforms concept 
in Section 9.5.2. Moreover, Section 9.5.2 introduces the coexistence of different waveforms assigned 
to each user in the same coverage area for 6G and beyond wireless systems. 


9.5.1 Multi-numerology Orthogonal Frequency Division Multiple Access (OFDMA) 


5G NR is designed to operate from 450 MHz to 100 GHz with a wide range of deployment sce- 
narios, while supporting a variety of services. Even single-numerology OFDMA was chosen as the 
multiple-access scheme for the downlink and uplink for previous 3GPP standards; it is not possi- 
ble for single numerology to satisfy the requirements of various use cases. Therefore, NR defines 
a family of OFDM numerologies for various frequency bands and deployment scenarios. OFDM 
numerology is characterized by a subcarrier spacing and a cyclic prefix (CP). The requirements 
for the OFDM subcarrier spacing is determined based on the carrier frequency, phase noise, delay 
spread, and Doppler spread. The use of smaller subcarrier spacing would result in either large 
error vector magnitude (EVM) due to phase noise or more stringent requirements on the local 
oscillator. The small subcarrier spacing further leads to performance degradation in high Doppler 
scenarios. The required CP overhead and thus anticipated delay spread sets an upper limit for the 
subcarrier spacing. A large subcarrier spacing would result in unwanted overhead due to CP. The 
maximum fast Fourier transform (FFT) size of the OFDM modulation, along with subcarrier spac- 
ing, determines the channel bandwidth. Based on these observations, the subcarrier spacing should 
be as small as possible, while the system is still robust against phase noise, and Doppler spread and 
supports the desired channel bandwidth. From the network perspective, multiplexing of different 
numerologies over the same NR carrier bandwidth is possible in TDMA and/or FDMA manner in 
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Table 9.2. Supported OFDM parameters in 5G-NR. 


y Subcarrier spacing (kHz) Af = 2” x 15 Cyclic prefix length ps 
0 15 4.69 
1 30 2.34 
2 60 1.17 
3 120 0.57 
4 240 0.29 


OFDM symbol length pis 


71.35 
35.68 
17.84 
8.92 
4.46 


Source: Ahmadi [23]. © 2019 ELSEVIER. 


the downlink and uplink. From the UE perspective, multiplexing of different numerologies is per- 
formed in TDMA and/or FDMA manner within or across a subframe. Regardless of the numerology 
used, the lengths of the radio frame and subframe are always 10 and 1 ms, respectively [23]. Having 
a flexible OFDMA system is crucial to deploy a wide variety of 5G services efficiently [24]. There- 
fore, the novel 5G standard introduces flexible OFDM to support various spectral deployments. The 
numerologies in the 5G standard can be seen in Table 9.2. Specifically, the sub-carrier spacing (SCS) 
options are 15, 30, 60, 120, and 240 kHz. Also, the length of CP varies according to the application 


requirements [21]. 


1 
2 Q = 2 

3 oN = [2048 2048/0]; 

4 CP = [144 144/0]; 

5 num_OFDM_symbols sD} 

6 scs = [30e3 Q*30e3]; 

7 sampleRate = N(1)*scs(1); 

8 totalBW = 40e6; 

9 BWusers = [18e6 18e6]; 

lo gBW = 4e6; 

1 gSc = floor (gBW/scs(2)); 

122 N_d = floor (BWusers./scs); 

3 M = 4; 

144 used_subc_indices = {100:N_d(1)+99, 

15 50+N_d(2)+gSc:50+N_d(2)+gSc+N_d(2)-1}; 

16 wh = 100; 

17 

18 jj = 1:100 

19 ii = 1:2 

20 cp_add=sparse(1:CP(ii)+N(ii), [N(ii)-CP(ii)+1:N(ii) 
2 ,l:N(ii)],ones(1,CP(ii)+N(ii)),CP(ii)+N(ii),N(ii)); 
22) ssc = zeros(N(ii),1); 

23 bits = randi([0 1],N_d(ii)*log2(M),1); 

24 dataNorm = qammod(bits,M, 'InputType','bit', 

25 'UnitAveragePower',true); 

26 ssc(used_subc_indices{ii}) = dataNorm; 

27 time = (N(ii))/sqrt(N_d(ii))*ifft(ssc); 

28 time_cp{ii} = cp_add*time; 

29 

30 frameOFDM(jj,:)=time_cp{1}+[time_cp{2}; 

31 zeros (CP(1)-CP(2)+N(2),1)]; 

32 [ss(:,:,j3j),f£,t]= spectrogram(frameOFDM(jj,:), 

33 ones (wL,1)/sqrt (wL),0,N(1),sampleRate, 'yaxis'); 
34 

35 summedSpec = mean(abs(ss),3); 

36 imagesc(t/le-6,f/1e6,10*log10 (abs (summedSpec) .*2)); 


Examples for the aim of using multi-numerology OFDMA can be given by depending on propa- 
gation characteristics. For example, it is expected that the lower frequency bands will be used for 
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large-area deployments with smaller SCS and associated larger subframe time duration. In com- 
parison, higher frequency bands are expected to be used for the dense deployments with larger 
SCS and their associated smaller subframe time duration. Moreover, lower SCS is more suitable for 
massive machine type communication (mMTC), since they can support a higher number of simul- 
taneously connected devices within the same bandwidth and require lower power, intermediate 
SCS are appropriate for enhance mobile broadband (eMBB), which requires both high data rate 
and significant bandwidth, and higher numerologies are more suitable for delay-sensitive applica- 
tions pertaining to the URLLC service due to their shorter symbol duration [25]. Three different 
lattice structures consisting of multi-numerology OFDMA depending on the requirements of appli- 
cations are shown in Figure 9.20. Though multi-numerology OFDMA is efficient in providing the 
required flexibility, this approach introduces a new kind of interference into the system known as 
inter-numerology interference (INI) [25]. Figure 9.21 depicts two different OFDMA structures with 
different SCSs. Since their SCS are different, the time duration that the OFDM signal allocates is 
also different. 


9.5.2 Radar-Sensing and Communication (RSC) Coexistence 


In contrast to 5G and earlier generations, the next generation of wireless systems requires 
environmental awareness to leverage adjustable radio parameters into communication. There- 
fore, radar-sensing systems will be integrated into the wireless networks to cope with specific 
applications and use cases such as autonomous vehicles and environment-aware access points. 
Also, it is expected that this new paradigm supports flexible and seamless connectivity [26]. A 
key-enabler of high-mobility networks is the ability of a node to track its dynamically changing 
environment continuously and react accordingly. Although state sensing and communication 
have been designed separately in the past, power, spectral efficiency, hardware costs encourage 
the integration of these two functions, such that they are operated by sharing the same frequency 
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Figure 9.20 Multi-numerology OFDM depending on application requirements. 
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Figure 9.21 Spectogram of Multi-numerology OFDMA. 


band and hardware [27]. Figure 9.22 depicts the possible use cases of this appealing technology in 
the environment. 

Table 9.3 categorizes the existing techniques pointing joint radar-sensing and communication 
use of wireless systems and technologies. It explains how to utilize sources such as time, frequency, 
code, and polarization. More details can be found in the recent survey [28]. Existing works on joint 
radar and communication can be roughly classified into three classes. The first class considers some 


Figure 9.22 Realization of radar-sensing and communication (RSC). 
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Table 9.3. Existing techniques used in joint radar-sensing and communication. 


System 


RCS with 
separated 
waveforms 


Coexisting RCS 


Joint RCS 


Passive sensing 


Feature 


RCS signals are 
separated in the radio 
resources where 
hardware and software 
architectures are 
partially shared. 


This system uses 
separated signals but 
share the same 
spectrum. 


A joint transmitted 
signal design is utilized 
in RCS. 


Received RF signal is 
used for sensing at a 
particularly designed 
receiver using 
extensive radar signal 
processing techniques. 


Advantage 


e Small inter application 
interference. 

e Almost independent 
design for the 
waveforms. 


e Higher spectrum 
efficiency. 


e Fully shared 
transmitter. 

e Exchange information 
to support of each 
function. 

e Coherent sensing. 

e Without requiring any 
change to existing 
structure. 

e Higher spectrum 
efficiency. 


Disadvantage 


e Low spectrum 
efficiency. 

e Low order of 
integration. 

e Complex hardware. 


e Inter waveform 
interference. 

e Cooperation and 
complicated signal 
processing. 


e Requirement for 
full-duplex capable 
transceiver. 

e Joint optimization of 
waveform. 


e Tough synchronization. 

e Limited sensing 
capability when the 
waveform is optimized 
for communication. 


resource-sharing approach, such that time, frequency, or space resources are split into either radar 
or data communication. The second class uses a common waveform for both radar and communica- 
tion. This approach includes information-embedded radar waveforms as well as the direct usage of 
standard communication waveforms applied to radar detection [29]. Also, as a third technique, the 
authors propose the superimposition of two different waveforms, which are frequency modulated 
continuous wave (FMCW) and OFDM, to serve both purposes [30]. Details about how to separate 
waveforms and how to exchange information between radar and communication to improve the 
performance can be found in the paper. 

To sum up, the use of higher frequency ranges, wider bandwidths, and massive antenna arrays 
leads to enhanced sensing solutions with very fine range, Doppler and angular resolutions, as well 
as localization to a cm-level degree of accuracy. Moreover, new materials, device types, and recon- 
figurable intelligent surface (RIS) will allow network operators to reshape and control the electro- 
magnetic response of the environment. At the same time, machine learning and artificial intelli- 
gence will leverage the unprecedented availability of data and computing resources to tackle the 
biggest and hardest problems in both wireless communication and radar-sensing systems. There- 
fore, the convergence of these two applications will continue to create new research areas and 
innovations. 


9.5.3 Coexistence of Different Waveforms in Multidimensional Hyperspace for 6G 
and Beyond Networks 


Waveform design is one of the core components of the physical layer in wireless communication 
systems. Basically, waveform can be defined as a physical signal that contains information. These 
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Table 9.4 Fundamental points on the waveform design. 


Parameter Feature 

Data symbols They are a set of complex numbers representing information bits. 

Redundant symbols They can be utilized for precoding, guard utilization and artificial noise 
generation. 

Lattice structure It represents locations of samples in hyperspace. It is a multidimensional 
resource mapping and each mapped sample shows a location of one resource 
element. 

Pulse shape The form of symbols in the signal plane is defined by the pulse-shaping 


filters. The shape of filters determines how the energy is spread over 
the multidimensional hyperspace. 


Frame structure It can be defined as a packaging of multiple user information because 
the waveform design is the process of generating the collective physical 
signal, which occupies the hyperspace, corresponding to multiple users. 


signals occupy physical resources in multidimensional hyperspace consisting of time, frequency, 
space, code, power, and beam. The main components of the waveform design procedure are shown 
in Table 9.4, including data and redundant symbols, lattice structure, pulse shape, and frame 
structure. Waveform designs employ various parameters under these main components. The 
detailed explanation on waveform design and its parameters can be found in [31-33]. 

Possible spacings between lattice points are defined by the numerology structure of a waveform. 
Numerology includes a set of parameters for a specific lattice structure of a waveform and 5G NR 
is standardized based on multiple numerologies of CP-OFDM on the time-frequency plane. For 5G 
NR, parameters that define numerology type of the waveform are subcarrier spacing, CP duration, 
inter-numerology guard band, roll-off factor, filter coefficients, slot duration, number of symbols 
in one slot, number of slots per subframe, and frame length. 

For 6G and beyond wireless system studies, coexistence of different waveforms and numerologies 
attracts researchers’ attention in order to meet the potential future requirements of networks flexi- 
bly. One of the example architecture can be shown in Figure 9.23 where each user utilizes different 
parameters that define its waveform and related numerology. The assignment of waveform param- 
eters for each user is done at transmission point (TP) considering the user feedback and the other 
information acquired in different network layers considering latency, reliability, security, and pri- 
vacy metrics. However, multiplexing different waveforms may cause performance degradation phe- 
nomenon, including new forms of interference such as INI and inter-waveform interference (IWI), 
scheduling complexity, and signaling overhead. Therefore, the state-of-the-art optimization mecha- 
nisms need to be developed to compensate or exploit the adverse effects on multiplexing of different 
waveforms concept in 6G and beyond wireless networks. 


9.6 Case Study 


Here the real-time multiple access scenario will be described with relative requirements for differ- 
ent users. For the computer simulations or hands-on implementations, the procedures described 
below may be taken into consideration. Saying that there are three different users in a wireless cell, 
the design constraints and requirements can be listed as follows: 
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Figure 9.23 Different waveform and numerology assignments for each user in the same coverage area. 


The aim is to have a maximum achievable rate considering requirements of users. 
The total allocated bandwidth is 30 MHz. 

The transmission should be investigated burst by burst. 

The frame length should not be longer than 1 ms. 

Different waveforms can be used in the transmission. 

Uplink or downlink transmission can be considered. 

Transmission can be orthogonal or non-orthogonal. 


One of the examples for the case study is given in Figure 9.24. It is based on non-orthogonal 
multiple access, including two different waveforms OFDM and OFDM-index modulation (IM). 
Details about the scheme and algorithms to extract the information embedded in waveforms can 
be found in [34]. 
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Figure 9.24 An example for case study. 
Appendix: Erlang B table 
Probability of call blocking 
0.01 0.015 0.02 0.03 
Number of trunks 1 0.010 0.015 0.020 0.031 

2 0.153 0.190 0.223 0.282 
3 0.455 0.536 0.602 0.715 
4 0.870 0.992 1.092 1.259 
5 1.361 1.524 1.657 1.877 
6 1.913 2.114 2.277 2.544 
7 2.503 2.743 2.936 3.250 
8 3.129 3.405 3.627 3.987 
9 3.783 4.095 4.345 4.748 
10 4.462 4.808 5.084 5.529 
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The performance of any communication system is, to a large extent, determined by the medium 
utilized. This medium is referred to as communication channel and it may take a form of optical 
fiber, wireless link, or even a hard disk drive for a computer. In general, communication channels 
can be divided into two groups: wired and wireless channels. Wired channel is formed when there 
exists a solid connection that specifies a path of information flow from transmitter to the receiver. 
Wireless channel, on the other hand, lacks such tangible connection between communicating ter- 
minals. Their open nature makes wireless channels highly susceptible to noise, interference and 
other unpredictable time-varying impairments because of user mobility. Additionally, the behavior 
of wireless channels strongly depends on the propagation environment in which the communica- 
tion is taking place. Different environments, such as urban, suburban, and indoor, respond differ- 
ently to the signal propagating through them. Consequently, wireless channels pose severe chal- 
lenge as a medium for a reliable communication. Therefore, successful design and optimization 
of a wireless communication system relies on the proper understanding of channel characteristics 
and their subsequent impact on the communication signal. To this end, this chapter sheds light on 
various critical aspects of wireless channel starting with explanation of the dominant propagation 
phenomena and their resultant effects on the system. The chapter then touches upon mechanisms 
employed for empirical measurement of these channel effects, as well as techniques commonly 
used to represent them in a way that is useful for system design (i.e. channel modeling). Finally, 
basic channel emulation techniques which are used to reproduce various propagation effects in the 
laboratory environment for system testing are also explained. 


10.1 Fundamental Propagation Phenomena 


Wireless propagation environments have varying degrees of complexity. In the simplest scenario, 
one may assume a free space between transmitting and receiving antennas such that only a 
line-of-sight (LOS) propagation path is present between them, as shown in Figure 10.1a. In such 
LOS propagation scenarios, the only impairment encountered by a communication signal is the 
path loss (i.e. attenuation of the signal power) due to atmospheric effects such as absorption. Path 
loss effect in the free space is a function of distance of separation between the transceiver nodes, 
and it is governed by the well-known Friis equation 


JGG.Al 
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P(d) =P, (10.1) 
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Figure 10.1 Propagation scenarios with different complexity levels considered in wireless communication. 


where P, is the signal power received by a receiver (Rx) at distance d from a transmitter (Tx). P, and 
G,,, are power of the transmitted signal and antenna gain, respectively. Parameter ¢ models losses 
due to system’s hardware imperfections and it is set to unity when a lossless system is assumed 
[1]. € > 1 implies that there are extra losses due to effects such as filters and antenna losses. The 
presence of the signal wavelength J in Eq. (10.1) implies the dependence of the path loss effect 
on the frequency band of operation. For example, measurements have shown that, atmospheric 
absorption can cause up to 20 dB/km loss at millimeter wave (mm Wave) frequency band compared 
to the 10-3 dB/km loss incurred at microwave band [2]. 

In the traditional communication systems that take place closer to the earth surface the assump- 
tion of single direct signal path between Tx and Rx as considered in the free space scenario rarely 
holds. Consider a typical propagation scenario given in Figure 10.1b. This scenario is better rep- 
resented by a two-ray ground reflection model that extends the Friis equation to incorporate the 
effect of the ground reflected path. The modified Friis equation that represents the two-ray model 


is given as: 
2 2 
G,G,A | [4zh,h,]? J/G,G,h,h, 
Pigs | ba Pie (tH) PB (10.2) 
4nd Ad ad? 


where h, and h, are heights of the transmitting and receiving antennas. Compared to the con- 
ventional free space model, this model has been proved to be reasonably accurate for predicting 
received signal strength over large distances [1]. 

Now, if we consider a more realistic scenario in which the propagation environment is comprised 
of various objects, as shown in Figure 10.1c, even the two-ray model does not suffice to capture 
all important aspects of the signal propagation. In this case, LOS path propagation hardly exists. 
This is mainly due to severe signal obstructions by buildings, mountains, and foliage. In such cir- 
cumstances, wireless coverage relies on non LOS (NLOS) propagation. Propagation mechanisms in 
NLOS scenarios are diverse but can be generally attributed to reflection, scattering, and diffraction, 
as shown Figure 10.1c: 


e Reflection occurs when a signal hits an object whose surface irregularities have dimensions 
larger than signal’s wavelength. Reflection is always accompanied by refraction (transmission of 
a signal through mediums of different densities). Strength of the reflected and refracted signal 
depends on the electromagnetic (EM) characteristics of the surface of incidence, and the whole 
phenomenon is governed by Snell’s law. 


10.2 Multipath Propagation 


e Scattering is not much different from reflection, but it happens when surface irregularities are of 
comparable dimension to the order of the wavelength of the transmitted signal. Scattering results 
in spreading of the signal over a wide area leading to high loss of energy of the signal. 

e Diffraction refers to the bending of the signal when interacting with sharp edges of the surround- 
ing objects. 


Similar to the free space path loss, these physical propagation phenomena are also 
frequency-dependant. For example, smoothness of a surface is directly related to the signal 
wavelength. A surface considered to be smooth at microwave frequencies, leading to specular 
reflection, might no longer be smooth at millimeter wave frequencies, in which the signal will 
thus undergo scattering. 

Essentially, these phenomena are quite useful as they allow the signal to propagate behind 
obstructions and thus facilitate coverage even in shadowed regions. However, due to these physical 
propagation phenomena, different replicas of the transmitted signal find their way to the intended 
receiver through different paths, a situation simply referred to as multipath propagation, as 
illustrated in Figure 10.1c. 


10.2 Multipath Propagation 


In the multipath propagation phenomenon, different replicas of the transmitted signal, also 
referred to as (MPC), arrive at the receiving terminal with different phases and strengths based on 
their own path charecteristics. Such randomly-phased MPCs combine constructively or destruc- 
tively at the receiver to form a resultant signal with varying amplitude and phase, a phenomena 
known as multipath fading. In general, fluctuation of the received signal strength at the receiver 
can be characterized based on two different scales of observation: 


e Ona large-distance scale of about few hundred wavelength: In this case, a steady variation of the 
received signal strength is observed over a large area at a given distance from the transmitting 
terminal. This is known as large-scale fading and is influenced by path loss as well as terrain con- 
figuration and lofty man-made structures between communication terminals which may block 
or attenuate the signal power. 

e Ona very-short-distance scale of about few wavelength or short time duration: In this case, the 
received signal power fluctuates around a mean value on a scale comparable with one wave- 
length. This is termed as small-scale fading and it is due to the aforediscussed superposition of 
the randomly-phased MPCs at the receiver. 


Further classification of fading phenomenon is summarized in Figure 10.2 and elaborated in the 
subsequent subsections. 


10.2.1 Large-Scale Fading 


Large-scale fading describes the gradual fluctuation of the mean field strength of the received sig- 
nal over a local area [3]. Path loss and shadowing of the transmitted signal are two propagation 
effect attributed to the large-scale fading phenomenon. In essence, large-scale fading is a major 
concern for cellular system design as it determines spatial coverage of a given cell. Consequently, 
characterization of the path loss and shadowing effects as a function of distance and environment 
is of paramount importance to the cellular system designers. In some applications where terminal 
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Figure 10.2 Classification of the channel fading characteristics. 


placement is beyond the control of the system designer, like in the case of consumer wireless local 
area network (WLAN), wireless personal area network (WPAN), or in ad hoc networks, large-scale 
fading needs to be accounted for in the link budget and mitigated by high-level power control mech- 
anisms. 


10.2.1.1 Path Loss 

In Section 10.1, a free space path loss phenomenon that considers a LOS transmission under atmo- 
spheric absorption was introduced. However, due to the propagation complexities in the terrestrial 
wireless systems, path loss depends on not only the carrier frequency and distance of separation 
between communication terminals, it is also a function of the nature of propagation environments. 
In this case, it is difficult to obtain a generalized model that characterizes path loss accurately across 
a range of different environment. In cases where system specification must be met precisely, or the 
best locations for base stations (BSs) deployment must be determined, complex ray-tracing (RT) 
techniques or exhaustive empirical measurement can be used to obtain accurate path loss models. 
Otherwise, simple models that capture the essence of signal propagation are enough for general 
trade-off analysis during system design. The following simplified path loss equation is commonly 
used 


ProssldB\(d) = Pios,[4B](dy) + 107 log (+) , d>do, (10.3) 
where P,,,,[dB](d,) is the free space path loss at the reference distance d, from the transmitter, 
which is determined based on measurements close to the transmitter, and 7 is the path loss expo- 
nent which incorporates the effect of the propagation environment into the model. For the signal 
propagations that approximately follow free space, 7 is set to 2. For more complex environment, 
value of n is obtained via empirical measurement. Table 10.1 summarizes values of y for different 
propagation environment. 

As we have mentioned, the path loss model given in Eq. (10.3) is an over-simplified model. Many 
wireless systems rely on more comprehensive models that have been developed via empirical mea- 
surement for performance analysis. Such empirical path loss models include Okumura and Hata 
models that predict signal strength in macrocell metropolitan environments. An extension to Hata 
model is the COST231 model, whose scope encompass medium cities and suburbs. Walfisch/Ber- 
toni model which predicts average signal strength at street level [4]. 


10.2 Multipath Propagation 


Table 10.1 Path loss factor (7) for various scenarios mentioned. 


Environment Path loss exponent (77) 
LOS in buildings 15-2 

LOS free space 2 

In factories 2-3 

Urban area 2.7 —3.5 

Obstructed in buildings 4-6 


Source: Modified from [1]. 


10.2.1.2 Shadowing 

Findings from empirical studies suggested that the concept of path loss alone was not enough to 
account for the variation of the signal power at a given distance from the transmitter. The received 
signal strength was empirically observed to vary significantly about a mean value (determined by 
the path loss) between different locations equidistant from the transmitter. Such random variation 
is attributed to the attenuation and blockage effects by the randomly distributed objects and ter- 
rain features within the propagation environment. This effect was then referred to as shadowing 
fading. Due to the fact that location, size, and dielectric properties of the blocking objects, as well 
as the changes in the reflecting surfaces and scattering objects that cause such random attenua- 
tion are normally unknown, shadowing is generally statistically modeled to follow a log-normal 
distribution Z ~ W (u,, 62) (in dB scale) given as 


1 nz)? 


erm , (10.4) 
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Figure 10.3 Path loss and shadowing vs distance. 
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Consequently, the superimposed path loss and shadowing effects model that fully captures the 
large-scale fading process is given by 


PiossLdB](d) = Pioss[dB](dy) + 107 log (+) +Z. (10.5) 
0 


Such combined effect of path loss and shadowing as a function of distance and environment-based 
path loss exponent 7 is shown in Figure 10.3. Notice how the effect of large-scale fading increases 
with the increase in distance and complexity (increasing 7) of the propagation environment. Matlab 
code associated with Figure 10.3 is given below: 


1 
2 

3. Pt_dB = 0; 

4 Gt_dBi = 8; 

5 Gr_dBi = 0; 

6 fc = 940*10%6; 

7 c = 300*10%6; 

8 Hardware_Loss_dB = 8; 
9 dO = 100; 

jo eta = [1,2,3,5,7]; 


122 Pt = 10*(Pt_dB/10); 

13. Gt = 10*(Gt_dBi/10); 

144 Gr = 10*(Gr_dBi/10); 

15 d = [d0:100:10000]; 

16 sigma_dB = 11.8; 

17. sigma = 10*(sigma_dB/10) 

1s lamda = c/fc; 

19 Hardware_Loss = 10* (Hardware_Loss_dB/10); 


2. ~pl_Pl={'g—s','r—p May +', Meg 

22 pl_P1S={'gs",'rp", "b*", 'm+",; 'cv'"}; 

23 ii = 1:length(eta) 

24 Pr_dO = Pt*(Gt*Gr*lamda*2)./((4*pi) *2.*(d0.*2) *Hardware_Loss) ; 
25 Pr_d = Pr_d0*((d0./d).*eta(ii)); 

26 Pr_dB = 10*1log10(Pr_d); 

27 P_loss_dB = Pt_dB - Pr_dB; 

28 

29 S=sigma* (randn(1, length(d))+j*randn(1,length(d)))/sqrt(2); 

30 semilogx(d/1000,P_loss_dB,pl_Pl{ii}, 'LineWidth',1.5); hold on; 
31 legendInfo{ii} = ['\eta = ' num2str(eta(ii))]; 

32 

33 ii = 1:length(eta) 

34 Pr_do = Pt*(Gt*Gr*lamda*2) ./((4*pi) *2.*(d0.*2) *Hardware_Loss) ; 
35 Pr_d = Pr_d0*((d0./d).*eta(ii)); 

36 Pr_dB = 10*1lo0g10(Pr_d); 

37 P_loss_dB = Pt_dB - Pr_dB; 

38 

39 S=sigma* (randn(1,length(d))+j*randn(1,length(d)))/sqrt(2); 

40 P_loss_S_dB = P_loss_dB + S; 

41 semilogx ( d/1000,P_loss_§ dB,pl_P1S{ii}, '‘LineWidth',0.5); 

42 legendInfo{ii} = ['\eta = ' num2str(eta(ii))]; 

43 

44 xlabel(Distance (km)); 

45 legend(legendInfo) ;ylabel(' Loss (dB)'); 

46 axis([d(1)/1000 d( 1/1000 re 1501); 


10.2.2 Small-Scale Fading 


As previously mentioned, small-scale fading, or simply multipath fading, refers to the rapid vari- 
ation in the amplitude of the received signal due to the superposition of the MPCs at the receiver. 
As these randomly delayed and phased replicas of the transmitted signal add up either construc- 
tively or destructively, a composite received signal with fluctuating amplitude and phase is formed. 
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Figure 10.4 Illustration of how channel varies in the presence of mobility. 


The fluctuation occurs very rapidly on the spatial order of signal wavelength which makes the 
small-scale fading problem difficult to deal with. For example, since channel varies very rapidly in 
the order of a typical duration of physical layer communication, it is hard to track channel gains 
precisely for system optimization unless significant amount of signaling overhead is employed. In 
additional to the multipath propagation phenomenon, characteristics of small-scale fading chan- 
nel are also influenced by other factors such as properties of the transmitted signal (bandwidth, 
symbol period, etc.) and the presence of relative motion between communication terminals. The 
relative motion can be due to the mobility of one or both of the communication terminals. It can 
also spring from mobility of the surrounding objects within the environment. Figure 10.4 illustrates 
effect of mobility in the multipath environment. Due to the fact that number, strength and delays of 
the MPCs are tightly coupled to the distribution of scatterers in the propagation environment, the 
channel response h(t, r) experienced by a mobile receiver varies as a function of receiver’s location 
(which changes with time) as illustrated in Figure 10.4. The variable tf represents time variation 
and rz represents multipath delays at a given instant t. In the next subsection, characterization of 
such time-varying multipath channel is discussed. 


10.2.2.1 Characterization of Time-Varying Channels 

Time-varying multipath channel can be intuitively visualized as a linear filter with a time-varying 
impulse response. That is, if an impulse is transmitted at the transmitter, it will be received as a 
train of impulses due to multipath propagation effect. In order to illustrate this analytically, lets 
assume a transmitted bandpass signal x,(t) = R{x(te*h'}, where f. is the carrier frequency and 
x(t) is the baseband signal transmitted at time instant t. The received bandpass signal, y,(t), that 
has travelled through a multipath channel can be represented as follows 


L 
Yp(t) = R { (Zasore - coven) eons (10.6) 
i=0 


where a,(t) and 7,(t) are amplitude and time delay of the i-th MPC at time instant t. L is the max- 
imum number of the resolvable MPCs that can be detected by the receiver. From Eq. (10.6), the 
received baseband signal is equivalent to 


L 
WE) = Pa(Ox(r - rye Pen, (10.7) 
i=0 
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Equation (10.7) can be rewritten as 


L 
W(t) = Pa(teMOx(e — 7 (0), (10.8) 


i=0 


where 6,(t) = j2zf,7,(t) is the phase of the i-th path. Further manipulation of Eq. (10.8) yields 


L 
WO) = Ya(H5(c - 7(HeM x x0, (10.9) 
i=0 
a 
A(t,r) 
where 
L 
A(t, rt) = OG — 7 (the I (10.10) 
i=0 


is the impulse response of the channel and 6(-) denotes Dirac delta function modeling delays of 
the MPCs. Note that 6,(t) changes by 2z radians as soon as 7; changes by 1/f,. Hence, the time 
variation of a channel is critical for high frequency signals such as mmWave and terahertz (THz) 
communications. 

Due to the random nature of the received MPCs, |h(t,7)| and 0,(t) are usually modeled as a 
stochastic processes. The stochastic characterization describes how amplitude of the received sig- 
nal changes with time. Based on the absence or presence of the dominant LOS component in the 
multipath scenario, Rayleigh or Rician distribution can be used to model amplitude variations of 
the multipath channel responses. 


10.2.2.2 Rayleigh and Rician Fading Distributions 

Rayleigh distribution is a well accepted model for representing multipath propagation effects in 
the absence of a dominant LOS component. When LOS component does not exist, the result- 
ing small-scale fading process is known as Rayleigh fading. Consider a complex channel impulse 
response (CIR), h(f) given as 


A(t) = (Hel = x4 () +j(0, (10.11) 


where r(t) and @(t) are magnitude/envelope and phase of the instantaneous channel coefficients, 
with in-phase and quadrature-phase (I/Q) components x,(t) and x,(t), respectively. Assuming a 
rich multipath environment, by virtue of the central limit theorem (CLT), both x,(t) and x,(0) 
are random processes which, independently, follow a zero mean Gaussian distribution, such that 
x, ~N (0, o*) and x, ~ VW (0, 0”). Their joint probability density function (PDF) is expressed as 


1 34 


a ae (10.12) 


£04, %) = fife) = 


21202 
Rewriting Eq. (10.12) in terms of signal amplitude r and phase 0 gives 
r 
2107 


Since r and @ are statistically independent random variables, then f(r, 0) = f.(r)f,(@) with PDFs of 
r and @ obtained as follows 


f(r, 9%) = ee, ré[0,co], @=[-a,z]. (10.13) 


oie sae ri? 
f= f anol” 20 dO = se, (10.14) 
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and 


ss 2 1 
f,(0) = i: De dr = — (10.15) 


210 Qn 


Therefore, as it can be concluded from Eqs. (10.14) and (10.15) above, the envelope and phase of 
the received signal at any time instant undergoes a Rayleigh probability distribution and uniform 
distribution, respectively. 

If we consider a case with a dominant LOS component, the multipath phenomenon is better 
represented by Rician distribution. In this case, the means of the random processes x,(t) and x,(t) 
are no longer zero, they are rather determined by strength of the LOS component such that x, ~ 


WN (u,, 67) and x, ~ NV (u3, 07). The LOS component is given by A;os = 4/ Hj + “3. Magnitude r 


of the received signal is now given by r = 1/(A; os + %,)? + x5 and its PDF is subsequently found 
as [5] 


4,2 
r _"*4ros rAros 
$M = a 20? (“ues 5 (10.16) 


where I,(-) is the zero-th order modified Bessel function of the first kind. Characteristic of the Rician 
fading is usually quantified by the Rician K-factor which is given as the ratio of the strength of the 
LOS component to the power of the received random MPCs 


Az 
poe 10.17 
a) ( ) 


Essentially, Rayleigh fading is a special case of Rician fading with K = 0. As K => oo, the prop- 
agation environment corresponds to a scenario with only a LOS component in which the signal is 
received from only one direction. PDFs of r and 6 for various values of K are shown in Figure 10.5. 
Notice how the distribution of the phase change from being uniformly distributed at K = 0 (i.e. 
Rayleigh fading) and become dominated by the phase of the LOS component as K increases. Matlab 
code for obtaining these PDFs is given below: 


1 0.2 = 
o K=0 = = 
© K=1 —e K=1 

0.8 * K=2 
V K=45 0.15 
* K=8 


0.05 + 


Figure 10.5 Analytical and approximated PDF for various K, and o? = 1. (a) Amplitude. (b) Phase. 
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1 
2 
3 nSamples=10%6; 

4 Var=1; 

5 ml=[0 sqrt(2) sqrt(4) sqrt(9) sqrt(16)]; 
6 m2=[0 0 0 0 0]; 

7 quant=0.1; 

8 rindex=0:quant:9; 

9 A_LOS=sqrt(m1.*2 + m2.*%2); 

10 K=A_LOS.*2/(2*Var); 


122 pl_the={'gs','ro', 'b*', 'mv','c+'}; 

13 ii=1:length (kK) 

14 f_r_theo=rIndex./ (Var) .*exp(-((rIndex.*2+A_LOS (ii) *2) 
15 ./(2*Var))).*besseli(0,rIndex.*A_LOS(ii)/(Var)); 
16 plot (rIndex,f_r_theo,pl_the{ii},'LineWidth',2); 

17 legendInfo{ii} = ['K = ' num2str(K(ii))]; hold on; 
18 

19 

2 plosim={'k—-",'k-'; 'k—-', "k-', 'k-'}} 

21 ii=1: length (K) 

22 xl=sqrt (Var) *randn(1,nSamples)+ m1l(ii); 

23 x2=sqrt (Var) *randn(1,nSamples) + m2(ii); 

24 r=x1+j*x2; 

25 

26 (f_r_sim, rIndex_sim] =hist (abs (r),rIndex) ; 

27 

28 plot (rIndex_sim, f_r_sim/ (nSamples*quant), 

29 pl_sim{ii});hold on; 

30 

31 legend(legendInfo);grid on;xlabel('|r|');ylabel('f(|r|,\sigma)') 
32, axis([0 riIndex( yen aes ale os 

1 

2 pl_O={"g-s', 'r=-o', "b-*", 'm-v", "c-+"}; 

3 figure; 

4 ii=1:length (kK) 

5 xl=sqrt (Var) *randn(1,nSamples)+ m1l(ii); 

6 x2=sqrt (Var) *randn(1,nSamples) + m2(ii); 

7 r=x1+i*x2; 

8 oIndex = [-pi:quant:pi]; 

9 {[O_sim O_Index_sim] = hist (angle(r),oIndex); 

10 plot (O_Index_sim, O_sim/sum(O_sim), 

1 pl_O{ii}, 'LineWidth',1); 

12 hold on; 


144 legend(legendInfo);grid on; 
1s axis([-pi pi 0 max(O_sim/sum(O_sim))]); xlabel('\theta'); 
ie ylabel('f_{\Theta}(\theta)'); 


10.2.3. Time, Frequency and Angular Domains Characteristics of Multipath Channel 


10.2.3.1 Delay Spread 

As mentioned earlier, multipath propagation allows different replicas of the transmitted signal to 
arrival at the receiver via different routes with different delays. These random delays cause the 
received replicas to exhibit some kind of spreading when observed from time axis as illustrated in 
Figure 10.6. This is referred to as time dispersion or delay spread. Such spreading of the received 
signal in time domain is characterized by a power delay profile (PDP). PDP is a plot of the received 
power as a function of time delay, and it is found as an average of |h(t, r)|” measured around a local 
area. An example of PDP is given in Figure 10.7. From the PDP, some critical channel parameters 
that quantify the time dispersion of the channel can be extracted. These parameters include: 
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Figure 10.6 Illustration of the delay spread conception. 
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Figure 10.7. An example of a PDP for a multipath channel emulated by using a reverberation chamber. 


e First arrival delay (t,): Refers to the delay of the MPC that has travelled the minimum propagation 
distance. It is taken as a reference and all other delay components coming after it are called excess 
delays. 

e Maximum excess delay (t,,,,): Time duration after which energy of the arriving MPCs falls below 
a certain threshold. The threshold depends on the sensitivity of the receiver as well as system’s 
noise floor. t,,,, is calculated as the difference between 7, and delay of the last arriving MPC (that 
is above the threshold). The maximum excess delay is not necessarily the best indicator of how a 
given system will perform on a channel. This is because of the fact that different channels with 
the same 1,,,,, can exhibit quite different PDPs. Therefore, a more useful parameter is the root 
mean squared (RMS) delay spread described below. 
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ms): It is square root of the second moment of the PDP, given by 


Trms = V E{t?}—- Crinats (10.18) 


where 
ciaty Jy” t?PDP(t)dt 
Jy PDP(t)dt 
and Teqn is the mean excess delay which is defined as the first moment of the PDP and it is given 
as 
* <PDP(t)dt 
T mean = do, EDEN (10.19) 
Jy PDP(z)dt 


T ms 1S commonly used to quantify the strength of inter-symbol interference (ISD and thus deter- 
mines complexity of the equalizer required at the receiver. 

Coherence Bandwidth (B.,): It is a statistical measure of a range of frequencies over which mullti- 
path channel has constant gain and linear phase response. In other words, coherence bandwidth 
is a range of frequencies over which two frequency components have strong potential for ampli- 
tude correlation. But if frequency separation between them is greater than B, they are affected 
differently by the channel. It should be noted that, although coherence bandwidth is directly 
related to the delay spread of a channel, an exact analytical relationship between B, and the 
above discussed delay spread parameters does not exist and one should resort to the signal anal- 
ysis of the actual signal dispersion measurement in a particular channel in order to determine it. 
Nevertheless, some commonly used approximation of B, from t,,,,, are available in the literature. 
For example, if B, is defined as the frequency interval over which channel’s complex transfer 
function has a correlation of at least 0.9, B. is approximated by B, = 1/50z,,,,. Similarly, for a 
correlation of at least 0.5, B, ~ 1/5,,,.. 


Based on the delay spread aspect of the multipath channels, two types of fading phenomena can 


be observed, namely frequency-flat and frequency-selective fading. 


e Frequency-flat fading: A channel is said to exhibit frequency-flat property if bandwidth B, of the 


transmitted signal is smaller than the coherence bandwidth of the channel, B,, i.e. B, < B,. In 
this case, the received signal strength changes with time due to the fluctuation of the channel 
caused by multipath, but the spectrum of the transmitted signal is preserved. If T, is the symbol 
duration of the transmitted signal, flat fading occurs when T, > 7,,,,- That is, all significant MPCs 
of the transmitted signal arrive within one symbol duration and they cannot be resolved. In this 
case, the channel behaves like a one tap channel. Flat fading channel are also referred to as 
narrowband channels. 

Frequency-selective fading: This is opposite of the frequency-flat case. It happens when the delays 
of the received MPCs of one symbols extend beyond the symbol duration, i.e. T, < 7,,,,. In this 
case, MPCs of the current symbol are received during symbol duration of the next symbol which 
leads to ISI. In other word, frequency-selective fading occurs when bandwidth of the trans- 
mitted signal exceeds channel’s coherence bandwidth, i.e. B, > B.. Therefore, the spectrum of 
the received signal is distorted differently by the channel. Frequency-selective channels are also 
known as wideband channels. In this case, multipath components are said to be resolvable. 


Figure 10.8 illustrates the relationship between signal’s symbol duration, MPCs resolvability, and 


frequency selectivity phenomenon discussed above. The following Matlab code demonstrates how 
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Figure 10.8 Relationship between signal bandwidth, resolvability and frequency selectivity. 


to generate and visualize the effect of frequency-selective channel. Here we use a single carrier 
signal with root-raised cosine pulse shape with roll-off factor of 1. 


1 
2 l 

3 l t 

4 close all; clear; clc 

5 SymRate = 50000; Hertz 

6 OSR = 8; \ 1 

7 £s = SymRate * OSR; f 2.5e 

8 ModSymbols = 2*((randn(2000,1))>0)-1; 

9 Tx_Filter = rcosdesign(1,10,OSR,'sqrt'); 

10 Tx_Signa = conv(Tx_Filter, upsample (ModSymbols,OSR)); 
11 I 

12. TauMax = [le-6, 20e-6]; : e: 

13 

14 i = 1:length(TauMax) 

15 N_taps = floor (TauMax(i)*fs)+1; leul - 

16 Jum f 

17. TapDelays = (0:1:N_taps) * (TauMax(i)/(N_taps) ); 

18 TapGains = (0:1:N_taps) *(-5/ (N_taps) ); 

19 RayLeighChann = comm. ie Sgn Wasaga 

20 be eet hDeleé ,TapDelays, 
21 ' /TapGains, 

22 '? 1Gains',true); 


23 Rx_Signal = Rayledgh@heann (Tx. Signal); 


25 L =ct n of e Rs iz 1 
20 [Pxx,F] = pwelch(Rx_Signal,[],[],[],fs,'center'); 

27 figure 

28 «plot (F,10*1log10 (Pxx/max (Pxx) ) ) 

29 xlabel('Frequency (Hz)'); ylabel('Normalized Power (dB) ') 
30 grid on, box on; 


The symbol duration, T, is set as 2.5 ps. Two simulation cases are considered. In the first case, 

ax iS Set as 1 p's, which is smaller than the selected T,. Therefore, this case demonstrates the flat 
fading. In the second case, r,,,,, is selected to be larger than T, (about 20 ps) in order to achieve 
frequency-selective phenomenon. Spectrums of the received signal for both cases are shown in the 
Figure 10.9. Notice that, in the first case, shape of the root-raised cosine pulse is preserved. By using 
the same code, the effect of symbol rate can also be investigated by fixing the value of parameter 
TauMax and setting SymRate to different values. 


10.2.3.2 Angular Spread 
Angular spread refers to the spreading of the signal in space such that it arrives at the receiver 
from multiple direction regardless its original angle-of-departure (AoD). The directions from which 
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Figure 10.9 Spectrums of the received signals for the two considered cases. (a) Frequency flat. (b) 
Frequency selective. 
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Figure 10.10 Angular distribution of the received signal power based on the AoA. Ad denotes the Azimuth 
angular spread. 


the signal is received, or simply the angle-of-arrival (AoA), is influenced by the distribution of 
scatterers in the environment. Rich scattering environments usually facilitate isotropic reception 
of the signal, whereas in poor scattering environments, the received signal may arrive from limited 
direction based on the location of the available scatters. A simple illustration of AoA is shown in 
Figure 10.10. 

The dithered area in Figure 10.10 depicts the direction of arrival of the spatially scattered MPC. 
Therefore, position and orientation of the receiving antenna relative to the distribution of scat- 
ters can significantly impact strength of the received signal. Such variation of the received signal 
strength based on the receiver location or orientation is referred to as space-selective fading. 


10.2 Multipath Propagation 


Space-selective fading is characterized by a coherence distance, D,. Coherence distance defines the 
minimum distance by which any two antennas must be physically separated so that they receive 
uncorrelated signal. Characterization of angular spread is essential for multi antennas systems in 
which the highest capacity is achieved when the signals received by antenna elements are uncor- 
related. 

Angular spread is quantified by RMS azimuth angular spread (@,,,,,). RMS angular spread of a 
channel refers to the statistical distribution of the angles from which energy of the received signal 
is arriving. Large ¢,,,,, implies that the signal is arriving from many directions, which is mostly the 
case in rich scattering environment. Small @,,,,, implies that the signal energy is more focused to 
the receiver. Large angular spread results in more spatial diversity which is generally exploited by 
multi antenna systems to enhance the channel capacity. 

Relationship between D, and @,,,,, is approximated by 


024 
. Dims 
where 4 is the wavelength of the signal. From the given relationship, it is clear that wireless systems 


operating at high frequency bands have shorter coherence distance, which allows many antenna 
elements to be packed together, even within a wireless devices with small form-factor. 


rms 


D , (10.20) 


10.2.3.3. Doppler Spread 

Doppler shift (f,) is a well-known phenomenon where the actual frequency, f,, of a signal is modi- 

fied to a new frequency f = f, + fp due to the relative motion between transmitter and receiver. 
For a signal arriving from direction ¢ at a mobile user with speed v, as illustrated in Figure 10.11, 

fp is calculated as 


fo= . cos @ = a cos d, (10.21) 


where A and c are signal wavelength and speed of light, respectively. 

In the case of multipath propagation, each MPC experiences different Doppler shift depending 
on its direction of arrival, which in turn leads to the spreading of the received MPCs along the fre- 
quency axis. This phenomenon is called Doppler spread. Essentially, the spreading in frequency 
causes broadening of the spectrum of the received signal. The resulting spectrum is called Doppler 
spectrum, S(f). In simple terms, the Doppler spread is defined as a measure of the spectral broad- 
ening due to the relative motion between communication terminals or mobility of the surrounding 
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Figure 10.11 Doppler shift experienced by a moving vehicle. 
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Figure 10.12 Classical Doppler spectrum by 
Jake’s model for fpr, = 100 Hz. 
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objects. If we consider a rich scattering environment which facilitates isotropic signal reception, the 
Doppler spectrum of unmodulated carrier signal received at a mobile terminal is given by Jake’s 
model 


Sf) = a (10.22) 


2 
1h max t= (=) 


Jp max 


where fp max is the maximum Doppler shift experienced by the signal, given as f,,,,., = uf /c. The 
spectrum is centered at f, and it is zero outside the limit off. + fi.q,- The Doppler spectrum approx- 
imated by Eq. (10.22) is classically bowl-shaped as shown in Figure 10.12. Matlab code that imple- 
ments Eq. (10.22) to obtain Figure 10.12 is given below. Here, f, is set to 0 Hz and fp,,.q, = 100 Hz. 


f£_Dmax = 100; 
£_D = -f_Dmax+1:0.1:f_Dmax-1; 


i=1:1:length(£_D) 
) 


Cnmnridunurwne 


S£(i) = (1/4*pi*f£_Dmax) * (1/sqrt (1-(£_D(i)*2)/(£_Dmax”*2))); 
figure 
plot (f£_D, 10*1log10(Sf/max(Sf)),'linewidth',1.5); 
10 xlabel('Frequency (Hz)'); ylabel('Normalize mplitude (dB)'); grid on; 


Note that, due to the strong dependence of Doppler spread on the AoA (¢) as suggested by Eq. 
(10.21), non isotropic distribution of the arriving signal power results in the Doppler spectrum that 
is only part of the classical bowl-shaped spectrum shown in Figure 10.12. This fact is illustrated in 
Figure 10.13 for various cases of angular spread. 

It should be noted that Doppler spectrum estimated by Eq. (10.22) does not hold for all environ- 
ments. In some scenarios, where the condition of dense scattering is not satisfied, different spectral 
shape can be obtained. For instance, channel model for indoor environments assumes S(f) to be a 
flat spectrum while in the aeronautical channels Gaussian shaped Doppler spectra can be observed. 

The phenomenon of Doppler spread manifests itself in time domain of the received signal as 
time-selective fading. As previously explained in Section 10.2.2, the presence of mobility in the com- 
munication scenario causes the channel to vary with time. This variation in the channel response 
with time is referred to as time selectivity. The degree of selectivity of a time-varying channel is 
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Figure 10.13 ILlustration of the influence of AoA on the shape of the Doppler spectrum. 


characterized by coherence time, t,. Coherence time is defined as a measure of the expected time 
duration over which the channel response remains fairly constant. Doppler spread, fp,,,,, and 
coherence time, 7,, are reciprocally related. Their relationship is approximated by 
T. & 
fi Dmax 
Under time selectivity property of a channel, two types of fading processes can be observed 
depending on how fast the channel varies with respect to the rate of signal transmission: 


(10.23) 


e Slow fading: Occurs when coherence time of the channel is sufficiently long. That is, channel 
response varies at a rate much slower than that of the transmitted signal. Therefore, a signal 
experiences slow fading if 


T, << or B, >> fomax: (10.24) 


e Fast fading: In this case, the impulse response of the channel changes significantly within the 
symbol duration of the transmitted signal. In other words, the coherence time of the channel is 
much smaller than the symbol duration of the transmitted signal, i.e. 


T,>>t, or B, << fomax- (10.25) 


In the following Matlab code we show how to simulate time selectivity. The effect is visual- 
ized in time and frequency domain for three different speeds. The time domain envelope of the 
received signal is plotted to observe the variation of the channel due to mobility. As observed 
in Figure 10.14a, the rate of variation increases with speed. Similarly, for the frequency domain 
analysis, spectrums of the received signals are shown in Figure 10.14b. Again, as discussed above, 
bandwidth of the Doppler spectrum increases with the mobility speed. 
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Figure 10.14 Illustration of time selectivity of a channel in time and frequency domains. (a) Time variation 
of the channel's envelope. (b) Spreading in frequency. 


fs 5000; mpli freque 

fc 900e6; j i 

n = (0:1:1000-1)'; 

time = n./fs; 

Tx_Signal = li*ones(length(time),1); 


c = 3e8; se fF ligh 

Speed = [0.5,40,200]; cm/t 

figl = figure(1); axl = axes; hold(axl,'on'); 

xlim([-300 300]); ylim([-80 0]); grid on; box on; 
xlabel('Frequency (Hz)'); ylabel('Normalized Power (dB) ') 
fig2 = figure(2) ;ax2 = axes ; hold(ax2,'on'); 
xlabel('Elapsed time (ms)'); ylabel('Signal level (dB)') 


grid on; box on; 
i=1:length (Speed) 


£_Dmax = (Speed (i) *1000/3600) *fc/c; ak ler re 
Channel = comm.RayleighChannel('SampleRate',fs, 
'MaximumDopplerShift', £_Dmax) ; reate Channel ect 


Rx_Signal = Channel (Tx_Signal)j; 


[Pxx,F] = pwelch(Rx_Signal,[],[],[],fs,'center'); 


plot (axl, F,10*10g10 (Pxx/max(Pxx)), 'linewidth',1.5) 
plot (ax2,time.*1000, 20*1log10 (abs (Rx_Signal) ) ) 


10.2.4 Novel Channel Characteristics in the 5G Technology 


In an effort to address the challenges of the explosively growing mobile data demand, the fifth gen- 
eration (5G) of the wireless technology identifies communication at the mmWave frequency band 
as one ofits key enablers. The mmWave frequency band offers larger bandwidths that are necessary 
for the wideband transmissions (i.e. high data rate) envisioned by 5G. However, as we have noted in 
Section 10.1, the physical propagation phenomena are highly frequency-dependent. Consequently, 
mm Wave signal are prone to severe pathloss due to excessive atmospheric absorption as well as 
poor scattering and diffraction phenomena. It also suffers from blockage effect from surrounding 
objects due to its small wavelength and poor penetration ability [6]. Compared to the traditional 
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Figure 10.15 Perception of the microwave and mmWave signals in front of an obstacle. At mmWave 
frequencies, even a rain drop may appear significantly big. 
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Figure 10.16 |nter-dependence of the mmWave and massive MIMO technologies. 


microwave signal, even a small object appears relatively big to the mmWave signal and thus can 
significantly attenuate the signal. Perception of this phenomenon is illustrated in Figure 10.15. 

Quantitatively, the level of attenuation changes drastically from about 10-? dB/km at microwave 
band to about 20 dB/km at 60 GHz. Asa result, effective communication at mmWave band can be 
achieved only with directional transmission where emitted power is focused to the direction of the 
receiver such that the aforementioned power loss is compensated for. 

To this end, 5G technology identifies massive multiple-input multiple-output (mMIMO) as 
another key enabler in which both transmitter and receiver are equipped with large number 
of antennas. Apart from its ability of improving system capacity through spatial multiplexing 
and reliability through spatial diversity techniques, mMIMO, through beamforming techniques, 
inherently overcomes the elevated path loss problem in mmWave frequencies. In fact, mmWave 
and mMIMO technologies mutually depend on each other. The benefit of mMIMO can be enjoyed 
only when different transmit-receive antenna pairs experience uncorrelated channels. This can 
be realized when the spacing between antenna elements is at least half of the signal wavelength 
(A). The extremely small wavelength of mmWave signals facilitate practical implementation 
of the mMIMO concept, as large number of antennas can be packed together with adequate 
inter-element spacing even on a small mobile device. Such symbiotic relationship is summarized 
in Figure 10.16. 

The use of directional transmission via mMIMO beamforming sparks some new channel features 
that have not been significant in the earlier wireless generations. Due to the directional trans- 
mission, the number of scatters interacting with the transmitted signal is significantly reduced. 
Therefore, only few resolvable paths can be observed in the angular domain, leading to the so called 
channel sparsity in spatial domain. Likewise, if we consider a wideband transmission, the chan- 
nel taps or clusters become highly resolvable in the time domain, making the channel sparse in 
the time domain as well. As a result, mmWave channel profiles usually exhibit only a few channel 
taps or clusters when observed in angle-delay domain as illustrated in Figure 10.17. These char- 
acteristics are of paramount importance from mMIMO channel estimation and user scheduling 
perspectives [7]. 

In the traditional single-input single-output (SISO) systems, channel is usually characterized in 
two fundamental domains, time and frequency. However, in the multi antenna systems with direc- 
tional transmissions, polarization and spatial domain of the channel are also significant. Therefore, 
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Figure 10.17 _ILlustration of a sparse channel in angle-delay domains. 
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Figure 10.18 Millimeter wave massive MIMO spatial channel model. 


for the mmWave mMIMO systems, the spatial representation of the channel is commonly consid- 
ered, where antenna field patterns featuring the AoD and AoA are also taken into account. This 
is called spatial channel model and it is depicted in Figure 10.18. A simplified transfer function 
H,,,. of such a spatial channel for NLOS scenario is given in Figure 10.19, and the definitions of 
the used parameter are given in Table 10.2. The calculation of the parameters and generation of the 
spatial channel coefficients based on the 3rd Generation Partnership Project (3GPP) standardized 
link level simulation models are given in Section 10.4.3. 
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Figure 10.19 Spatial channel response for a multi antenna system considering NLOS scenario. 


Table 10.2 Definition of parameters in Figure 10.19. 
Parameter Definition 
N, Number of clusters (n = 1,2,....N)) 
M, Number of rays in a cluster (m = 1,2,... M,) 
p Azimuth angle 
(3) Zenith angle 
v Mobile speed 
d, Travel azimuth angle 
O, Travel zenith angle 
K Cross polarization power ratio (XPR) 
PnmZoA Azimuth angle of arrival of mth ray in nth cluster 
Pn mZoD Azimuth angle of departure of mth ray in nth cluster 
©. mZoA Zenith angle of arrival of mth ray in nth cluster 
©, m.zoD Zenith angle of departure of mth ray in nth cluster 
Pam.AoA Azimuth angle of arrival of mth ray in nth cluster 
Pnm.AoD Azimuth angle of departure of mth ray in nth cluster 
©. m.AoA Zenith angle of arrival of mth ray in nth cluster 
©. m.AoD Zenith angle of departure of mth ray in nth cluster 
oes oe? of? oe, | Random initial phases for each ray mth ray in nth cluster for 


the cross zenith-azimuth polarizations 
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10.3 Channel as a Source of Interference 


Interference is a classical drawback that limits the capacity, coverage, and effectiveness of wire- 
less communication technologies. In literature, interference is defined as any unwanted signal 
power causing disruption of communication including the use of phone, television, machine type 
communications, etc. Mainly, the features of interference caused by wireless channel are grouped 
considering the fading characteristics of the medium, such as large-scale and small-scale fading. 


10.3.1 Interference due to Large-Scale Fading 


In the early times of wireless systems, support of wireless communication in large areas with a high 
user density could not be feasible by just a single BS. Actually, the number of UE was exceeding 
the number of channels, leading to an unjustifiable queuing time for communication. Integration 
of cellular technology was a headway in solving the problem of this spectrum scarcity as discussed 
in the following sections. 


10.3.1.1 Cellular Systems and CoChannel Interference 

In cellular systems, a single high-power BS is replaced with much low power BSs, where each 
provides coverage to a smaller portion of the service area. As a matter of fact, the reuse of the same 
channel frequencies for multiple users named cochannel users while operating in different spatial 
regions is considered to enhance network capacity, as illustrated in Figure 10.20. 


e Spatial guard: Spatial separation between cochannel users is performed considering the fact that 
the average received signal power (P,(d)), i.e. free space (Eq. 10.1) and two-ray medium (Eq. 
10.2), by any user at any location (d) away from the BS decays as a function of distance. In other 
words, the large area is split into several small regions named cells, which are represented with 
the dotted lines for the ideal case in Figure 10.20. In case the cells are totally isolated, the same 
radio channel can be utilized within each cell and zero energy leakage occurs. Therefore, the 
capacity of the system improves with the increase of the number of cells within a fixed area. For 
instance, if the service providers offer 100 duplex channels for communications, no more than 
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Figure 10.20 Cochannel interference in cellular systems. 


10.3 Channel as a Source of Interference 


100 connections can be established within a fixed area. Consequently, if the given area is split into 
two cells, the system capacity is doubled under the assumption of zero energy leakage between 
adjacent cells, utilizing the same radio resources. 


The cell parameters, such as radius and distance between nearest cochannel users get smaller and 
control of transmitted power from adjacent cells becomes a challenging task since a given area 
cannot be fully covered via the utilization of circular shaped cells, which represent an ideal wave 
propagation scenario. Hence, the adjacent cells need to intersect with each other, as illustrated by 
cross regions in Figure 10.20. For this reason, energy leakage exists between the adjacent cells, lim- 
iting the performance of wireless systems. Additionally, the received signal strength by the desired 
UE at any point not only depends on displacement between BSs and receiver but also needs to 
consider the characteristics of shadowing, which is shown by the starred line in Figure 10.20. 


e Cochannel interference (CCI): It occurs due to large-scale characteristics of the channel, i.e. dis- 
tance and shadowing in cellular systems, where the user of interest is exposed to a substantial 
energy strength leaking from the cochannel users that seriously affects system performance, and 
resulting in lower data rates, higher dropouts, poor communication quality, and even complete 
loss of connection link. 


The worst signal-to-interference (SIR) scenario occurs when the area is split into multiple cells 
and all the channels are used within each cell. In other words, there always exists a user from 
each cell causing interference on the user of interest. Since the average received signal power at 
any distance (d) away from the BS decays as a function of the separation, a general mathematical 
evaluation of SIR is given as follows 


d 
sr = — (10.26) 


yh p_(d,) P,(d;) 
where P, ,(d) and P, ,(d;) denote the strength of received signal from the desired user and interferes, 
respectively, with respect to their corresponding distances. I is the number of interferes. Regarding 
Eq. (10.26), not only the number but also the distances between the cochannelled UEs affect the 
SIR permanence. 

In this sense, appropriate cellular system parameters need to be used in order to maximize the sys- 
tem capacity C = Blog,(1 + SINR) while treating interference as noise, as given in [8]. CCI is more 
severe in urban areas, due to a large number of BSs and mobile users. Unlike thermal noise/AWGN 
problem, CCI can not be mitigated by increasing transmission power. In fact, higher transmission 
power elevates the intensity of the interference suffered by the nearby cochannel user. Hence, new 
techniques such as cell sectorization, splitting, fractional frequency reuse, interference cancella- 
tion, and interference reduction are used in practice to manage CCI in cellular systems. 


10.3.1.2 Cochannel Interference Control via Resource Assignment 

In the literature, several channel assignment techniques have been proposed to compensate for the 
spectrum scarcity and achieve the objective of high capacity via proper control of interference for 
efficient utilization of the radio spectrum listed as follows. Note that the hexagonal cell shape is 
used in this chapter as it has a near perimeter and area to the ideal cell with a circular shape. 


e Cluster Size (N,): This defines the number of cells in which all the channels are used for data com- 
munication. As an example, in Figure 10.21a, each group of cells with the same color represents 
a cluster. It is assumed that the channels are equally split between the cells within the cluster and 
reused for all the other clusters. In case all the cells have the same radios and each BS emits the 
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(a) (b) 


Figure 10.21 Hexagonal cell with reuse factor N. = 7. (a) Conventional case. (b) 120° sectoring. 
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same energy, CCI becomes a function of the displacement between cochannel cells. The Cochan- 
nel reuse ratio (Q) parameter is defined to show the relation between CCI and displacement, and 
it is given as 


Q= > = V3N., (10.27) 


where D is the distance between the cochannel cells. The interference is reduced with the 
increase of the cluster size, resulting in higher SIR (Eq. 10.26). In Figure 10.22, the SIR perfor- 
mance with respect to the cluster size is given, assuming that only first-tier cochannel UEs affect 
the desired signal, where SIR = Q”/6. On the other hand, the number of accessing UEs per cell 
linearly decreases with the increase of N., which limits the system capacity. In the following 
Matlab code, we show how the SIR varies with respect to the cluster size. As can be seen in the 
Figure 10.22, the interference decreases with the increase of the cluster size as the displacement 
between cochannel UEs becomes significant, acting as an real guard. 


10.3 Channel as a Source of Interference 


4; | f c 
3-4). 77 9,22,13,16,19] 7 
= 1l:length(Nc); 


SIR(ii) =(Q*eta)/I; 


10 figure 


11 plot (Nc,10*log10(SIR),'ob', 'LineWidth', 2); 
12 xlabel('N'); ylabel('SIR'); 
13 title('SIR vs N'); grid on 


e Sectorization: It is performed to split the area into sections in order to mitigate interference in 
Eq. (10.26) and enhance capacity by utilizing directional antennas, as illustrated in Figure 10.21b. 
Incase 120° and 60° sectorization are applied at each BS, the number of the interfering cochannel 
cells can be reduced from 6 to 2 and 1, respectively, considering only the first tier of a cellular sys- 
tem in Figure 10.21a. Therefore, the CCI is controlled at the cost of higher transceiver complexity 
and energy consummation compared with omnidirectional transmission designs. Beamforming 
can be considered as an extreme case of sectorization, where beamshaping is performed to serve 
UEs in a specific direction. 

e Cell splitting: Refers to the process of subdividing a congested cell into smaller cells (microcells) in 
order to improve the system capacity and serve more UEs without elevating the CCI problem. The 
system capacity is improved since, by introducing the microcells, the number of times that the 
channels are reused is increased. Heights and transmission powers of the microcells’ BSs must 
be appropriately reduced so that the minimum co-channel reuse ratio (Q) given in Eq. (10.27) 
and the SIR performances given by Eq. (10.26) are maintained. 

e Fractional frequency reuse (FFR): This groups the UEs into cell-center UEs and cell-edge UEs 
while partitioning the spectrum in order to control CCI. For instance, the cell area is split into 
two regions, including the area near to the BS and the border region of the cell, as illustrated 
in Figure 10.23. Higher power is allocated to channels for the edge region compared with the 
inner one[9], which is expected to be isolated within the inner region and not to pass the cell 
border. In this way, a more solid space guard is guaranteed in case the inner region is utilized by 
cochannel UEs and a higher number of cochannel UEs can enhance the system capacity with 
respect to the conventional channel reuse methods. This scheme is known as strict FFR, which is 
illustrated in Figure 10.23a. Soft FFR not only employs the same spectrum partitioning strategy 
as strict FFR, but also allows the inner UEs to share the spectrum with the other cells, as shown 
in Figure 10.23b, aiming to increase the number of available channels at the cost of lower SIR. 
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(a) (b) 
Figure 10.23 Hexagonal cell with three cell-edge reuse factor. (a) Strict FFR. (b) Soft SFR. 
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10.3.2 Interference due to Small-Scale Fading 


Different from large-scale fading, where CCI is caused due to aerial spreading of the signal, 
mainly time spreading and frequency dispersion of the signal due to the wireless channel 
lead to new interference types in small-scale fading. These interference types are given 
as follows. 


e Inter-symbol interference: This occurs due to the time spreading of transmitted signal pulses 
because of multipath propagation, causing the adjacent pulses to overlap in time, as illustrated 
in Figure 10.24. This interference type leads to substantial degradation of communication 
reliability. Therefore, in order to solve and control ISI, several techniques have been pro- 
posed by academia and industry. Mainly, parameters for frequency-flat fading are explored 
to control the ISI problem, where it can be avoided by leaving enough space in between 
consecutively transmitted symbols (T, >> 7,,,,). T; and t,,,, denote the symbol duration 
and maximum excess delay, respectively. However, frequency-flat fading criteria represents 
any medium with limited channel bandwidth, resulting in a challenge for performing 
transmission with high data rates [10]. Not only the fact that the symbol duration of the 
transmitted signal is limited to r,,,,, but also the time domain resolvability of the channel 
multipath is limited since the channel behaves as a single tap. Therefore, multitap equal- 
ization cannot be performed to take advantage of the time diversity of the time spread 
signal. The smart use of an equalizer is like an “anti-channel” at the cost of high system 
complexity. 

e Inter-carrier interference: It is a manifestation of the time selectivity of the channel in mul- 
ticarrier systems, i.e. orthogonal frequency division multiplexing (OFDM). The transmitted 
subcarriers of a classical OFDM signal experiences some frequency modulation, corresponding 
to the loss of orthogonality among the subcarriers, as shown in Figure 10.25. The carrier 
frequency shift or modulation is denoted by f,, for the first subcarrier and so on for the 
others. Different from the ISI of frequency-selective fading and the constraints on data rate 
(T,), a shorter symbol duration than coherence time (T, << r,) is needed to mitigate the ICI 
impact in a fast fading medium. Moreover, the short time duration of the symbol increases 
the time domain resolution of the channel multipath. Full knowledge of channel parame- 
ters can help to mitigate the ICI effect at the cost of high system complexity. The reader is 
advised to visit Chapter 7 in order to gain more insights regarding the impact of fast fading 
in OFDM-based multicarrier systems. For instance, since time selectivity (Doppler) causes loss 
of orthogonality in the frequency domain, its effect on the system performance depends on 
the carrier frequency of the transmitted signal and subcarrier spacing (SCS). The latter is the 
main driving factor of the 5G wireless technology on the multinumerology concept, where 
different SCS values are agreed by academia and industry to be utilized for various use cases and 
applications. 


Figure 10.24 |llustration of ISI. 
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Figure 10.25 |Llustration of ICI in OFDM. 


10.4 Channel Modeling 


Characterization of the wireless propagation phenomena and their related impairments on the 
communication signal is a stepping stone toward designing a well-optimized wireless system. How- 
ever, a rigorous characterization of the propagation effects in a form that is useful for designing and 
optimizing a wireless communication system is a difficult task. In order to simplify the process, the 
concept of channel modeling is generally used. The basic objective of channel modeling is to iden- 
tify and analytically represent the most essential and dominant propagation effects relevant to the 
considered communication scenario. In other words, a channel model captures only the portion of 
the propagation phenomena that has significant impact on the system of interest while ignoring 
the rest. 

Channel modeling is a continuous practice whose importance and necessity grow with the 
advancement in wireless technology itself. For example, the paradigm shift from microwave 
to mmWave frequencies in 5G necessitated the extension of the existing channel models or 
development of new models that capture propagation effect which might have been insignificant 
in microwave frequencies. This is mainly because of the fact that wireless propagation phenomena 
are highly frequency dependant. Likewise, other factors such as environment settings in which 
communication system is deployed, i.e. rural, urban, mountainous, underground mine, etc., and 
signaling schemes may affect the choice of the channel model. 

In the development of a new channel model the first and foremost thing that needs to be consid- 
ered is the decision on the aspects of channel characteristics that need to be captured and the ones 
that can be ignored with respect to the intended system. This is important for balancing between 
complexity of the model and its adequacy in expressing the essential propagation impairment. In 
general, a channel model faces trade-offs in terms of its accuracy, generality, and simplicity. By accu- 
racy, we refer to how close the channel effects realized by the model are to the reality. Generality, on 
the other hand, refers to the applicability of the model to different scenarios. Simplicity of a model 
is quantified by its computation and storage complexity level. Majority of the channel models avail- 
able in the literature can be categorized into analytical and physical models. Further classification 
under these two categories are as summarized in Figure 10.26 [11]. 
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Figure 10.26 Categorization of the basic channel models. 
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10.4.1 Analytical Channel Models 


Analytical channel models characterize channel effects mathematically without explicitly consid- 
ering any physical EM propagation mechanisms. This category of channel models can be further 
divided into correlation-based and propagation-motivated models. 


10.4.1.1  Correlation-based Models 

Correlation-based analytical models characterize rich scattering wireless channels by considering 
the existing correlation between multipath channel components. These models are generally less 
complex and they are commonly used for system performance evaluation. This class of channel 
models is also appropriate for characterizing wireless channels in multi-antennas systems such as 
MIMO systems, in which channel correlations between each transmitter-receiver antenna pair 
is of paramount importance. Examples of the channel models that fall under this class includes 
Rayleigh/Rician fading channel models, Kronecker, and Weichselberger models as shown in 
Figure 10.26. 


10.4.1.2  Propagation-Motivated Models 

Propagation-motivated models, on the other hand, represent wireless channels in terms of propa- 
gation parameters. Free space model, for example, serves as the simplest propagation model which 
considers atmospheric absorption effects undergone by the transmitted signal in the propagation 
medium (free space). However, when a more realistic scenario is considered, more comprehensive 
models which encompass other propagation effects such as reflections, diffraction, and scattering 
become necessary. Finite-scatter, tapped delay line, and the virtual channel representation models 
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are examples of the propagation models that take into account the aforementioned propagation 
mechanisms and their resulting multipath phenomenon. 


10.4.2 Physical Models 


Contrary to the analytical channel models described just above, physical models characterize wire- 
less channel by considering the physical EM propagation phenomena taking place between trans- 
mitter and receiver antennas. In this case, propagation parameters such as complex amplitude, 
angles of departure and arrival of the EM wave, and delay effects experienced by multipath replicas 
of the communication signal are explicitly modeled. Physical channel models are generally inde- 
pendent of antenna configuration and operational bandwidth of the system. Further subclasses 
that fall under physical channel models include geometry-based stochastic, non geometry-based 
stochastic, and deterministic models as summarized in Figure 10.26. 


10.4.2.1 Deterministic Model 

Deterministic channel modeling approach aims to reproduce the actual propagation process under- 
gone by the EM wave in a given communication scenario. This modeling approach is suitable for 
scenarios in which the scatterers in the environment are nearly static. For example, it can be used 
to develop a channel model for dense urban environment where there are a significant number 
of large buildings and other static infrastructures that determine paths taken by the EM signal on 
its way to the receiver. A three dimension map of the communication site containing all major 
structures along with the EM properties of their construction materials (i.e. permittivity and per- 
meability coefficients) is first constructed and then used to extract the corresponding propagation 
process via computer simulation. A common example of the deterministic physical channel model 
is the RT technique. RT employs fundamental physical principles such as Maxwell’s equations, geo- 
metrical optic theory, and the uniform theory of diffraction to trace propagation of the EM wave 
between transceiver nodes. 

Owing to the great accuracy achieved by deterministic models, deterministic models are often 
used as alternatives to practical channel measurements. However, these models lack generality, as 
they are usually specific to a given communication scenario (i.e. site-specific). Additionally, pro- 
hibitively long simulation times may be required to generate a model, especially when complex 
environment settings are considered. 


10.4.2.2 Geometry-based Stochastic Model 
Geometry-based stochastic modeling approach follows similar assumption like in the deterministic 
modeling that channel response is determined by geometrical locations of the scatterers. How- 
ever, in this case, location of the scatterers are not prescribed in the database beforehand, they are 
rather assumed to be random, following a certain probability distribution. When the scatterers are 
stochastically identified, RT technique is then used to derive the required channel model. 
Depending on the location of scatters in the scenario, geometry-based stochastic models may 
assume single- or multiple-bounce scattering patterns. In the single-bounce or single-ring scatter- 
ing model, a BS is assumed to be in an elevated location such that no scatterer exists in its vicinity, 
and the user equipment (UE) is assumed to be surrounded by a significant number of scatterers. 
Such a scenario in which a single ring of scatter around the UE is illustrated in Figure 10.27a. Gen- 
erally, the scatterers in the ring of radius R are assumed to be uniformly distributed over [—z, z). In 
some scenarios, such as communication in microcells, BSs are located below rooftop heights such 
that they are also surrounded by a significant number of scatterers. Such scenarios are incorporated 


295 


296 


10 Wireless Channel and Interference 


(a) (b) 


Figure 10.27 (a) Single-ring scatter. (b) Double-ring scatter. 


in the multiple-bounce or double-ring scattering models in which both BS and UE are assumed to 
be surrounded by rings of scatters as illustrated in Figure 10.27b. 


10.4.2.3 Nongeometry-based Stochastic Models 

The last sub-category of the physical channel models is the nongeometry-based stochastic models. 
This particular modeling approach represents EM propagation between transceiver ends using 
stochastical parameters only without considering geometry of the physical environment. Examples 
of the channel models under this subclass include the extended Saleh-Valenzuela and Zwick 
models. The Saleh-Valenzuela model proposes to model a wireless channel as clusters of MPCs 
in the delay domain [12]. It uses a doubly-exponential decay process to simultaneously model 
channel’s PDP and characterize the profiles of the MPCs within individual clusters. The scope 
of the Saleh-Valenzuela modeling approach can be easily extended into the space domain by 
considering AoA and AoD statistics. In this case, spatial clusters are generated based on the mean 
cluster angle and the clusters’ angular spread. The illustration of the Saleh-Valenzuela modeling 
approaches in time and space domains is given in Figure 10.28. Note that when signal bandwidth 
is large enough, all MPCs become resolvable in time domain, which inhibits the formation of 
clusters in the channel’s PDP. In order to account for such typical scenarios, the Zwick model was 
proposed [13]. In the Zwick approach, the MPCs are generated and treated independently (i.e. no 
cluster). Amplitude fading of the MPCs is ignored, but their phase changes are incorporated into 
the model via geometric modeling of the transmitter, receiver, and scatters motions. 


Cluster's 
angular 
spread 


Cluster 1 Cluster 2 Cluster 3 Transmitter Receiver 


(a) (b) 


Figure 10.28 Illustration of the Saleh-Valenzuela model. (a) Delay domain. (b) Space domain (single 
cluster). 
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10.4.3 3GPP 5G Channel Models 


In order to facilitate proper modeling and performance evaluation of the 5G physical layer (PHY) 
techniques, 3GPP has provided two channel models for link level simulation. These models 
include tapped delay line (TDL) and clustered delay line (CDL) models. Both models are valid for 
0.5-100 GHz frequency range with maximum bandwidth of 2 GHz. This range is compatible with 
5G technology which is standardized to operate at both microwave and mmWave frequencies. 


10.4.3.1 Tapped Delay Line (TDL) Model 

The TDL model is considered for evaluation of the simplified, non-MIMO systems, i.e. SISO based 
systems. CIR of the TDL model is similar to the one given in Eq. (10.10). Five different PDPs are 
considered under this model based on the characteristics of the environment and the presence or 
absence of the LOS component as shown in Table 10.3. The power and delay values of each tap are 
given in [14]. 

Doppler spectrum of each tap is characterized by the classical Jake’s model with the max- 
imum Doppler shift fp,.q, obtained as described in Section 10.2.3. For TDL_D and TDL_E 
models in which LOS path is considered (see Table 10.3), the Doppler spectra contain a peak at 
fp = 9-7 X fomax With an amplitude such that the resulting distributions have the specified Rician 
K-factor. 

Note that delay spread values of the taps can be modified/scaled by a user in order to achieve a 
desired RMS delay spread. For instance, a specified normalized delay value for an n-th tap, z, 
can be scaled to obtain a new delay value f,, ..aieq bY 


n,model? 


Tn scaled = Tn model x DS desired? (10.28) 


all in [ns], where DS,,,;q is the desired delay spread. Similarly, the model also allows the user 
to adjust the values of the K-factors specified for TDL_D and TDL_E models. For example, if the 
specified K-factor, K,,oqe is to be changed to K,josireqs POwers of all NLOS taps (i.e. the Rayleigh 


fading taps) must be scaled by 


Pi scaled = P, models zs Koesired + Kinodets (10.29) 


all in [dB], where P,, soaieq ANd Py models ave the scaled and model path power (i.e. predefined by the 
model) of the nth tap. After the power scaling process, the delay spread must be normalized. The 
normalization is performed by calculating the actual RMS delay spread after the K-factor adjust- 
ment and then dividing the delay of each tap by the calculated RMS delay value. 

An example Matlab code for generating and visualizing TDL channel model is given below. In 
this code, we use nr TDLChanne1 object from 5G toolbox. Channel profile visualizations are given 
in Figure 10.29 for TDL_C (without LOS component) and TDL_E (with LOS component). 


Table 10.3 Summary of the TDL model's specified PDP models. 


PDP model Number of taps LoS tap dist. NLOoS taps dist. 
TDL_A 23 — Rayleigh 
TDL_B 23 — Rayleigh 
TDL_C 24 — Rayleigh 
TDL_D 13 Rician (K = 13.3 dB) Rayleigh 


TDL_E 14 Rician (K = 22 dB) Rayleigh 


297 


298 


10 Wireless Channel and Interference 


0 
0 
104 @ -10 + 
=I zZ 
——20 oO 
2 3-20 
3 -30 3 
. 405 2 Ss -30 
50 + 1 7 2 
0 5 10 x 10 “9, 
IS 49 95 0 Elapsed time 5 10” * x 104 
Channel path (samples) 15 Elapsed time 
Channel path (samples) 
(a) (b) 


Figure 10.29 Profiles of the TDL channel. Observe the presence of a LOS component in TDL_E. (a) TDL_C. 
(b) TDL_E. 


1 
2 

3 

4 pecif el = e re e ste 
5 tdl = nrTDLChannel; 

6 tdl.DelayProfile = 'TDL-C'; 'TDL-E' 

7 tdl.SampleRate = 500e3; 

s tdl.MaximumDopplerShift = 300; 

9 t (0) = 


jo tdl.NumTransmitAntennas = 1; 
11 tdl.NumReceiveAntennas = 1; 


13 Tx_signal = ones(20000,td1.NumTransmitAntennas) ; 
15 [Rx_signal, pathGains] = tdl(Tx_signal); 

17. figure() 

1g mesh(10*1logl10(abs(pathGains) )); 


19 view(26,17); xlabel('Channel Path'); 
20 ylabel('Elapsed time (Samples)'); zlabel('Magnitude (dB)'); 


10.4.3.2 Clustered Delay Line (CDL) Model 

The CDL channel model is essentially an extension of the above discussed TDL model developed 
specifically for the spatial channels such as those pertaining to mmWave massive mMIMO systems. 
Like in the case of the TDL model, five PDPs are defined for the CDL model as well, three for NLOS 
scenarios and two for LOS scenarios. Note that, in this case, channel clusters are considered instead 
of taps and the power angular spread within a cluster is considered to follow Laplacian distribution 
[14]. 

Scaling of the predefined cluster parameters is also possible in this model. Delays of the clusters 
as well as K-factors of the PDP models with LOS component can be adjusted to the desired val- 
ues through similar procedures given above for the TDL model. Predefined values of the angles 
of arrivals and departure (in both zenith and azimuth directions) of the clusters can be changed 
to the desired values via angular translation and scaling process. By using angular translation, the 
tabulated mean angle, Wy moge is changed to the desired mean angle py gesireq. The scaling process 
is used to adjust angular spread of the clusters. Angular translation and scaling in CDL model is 


10.4 Channel Modeling 


obtained as 
_ AS desired 


On scaled —_ AS.) Caner = 9, model) + H9 desired> (10.30) 
model 


where 9, mode iS the tabulated angle of n-th cluster, 9, .-cieq is the scaled angle, AS,,,,4e) is the tab- 
ulated RMS angular spread, and AS josireq iS the desired RMS angular spread. Note that, the angle 
parameter 9 used here can be zenith or azimuth angle. 


10.4.3.3 Generating Channel Coefficients Using CDL Model 

In general, generation of the channel coefficients begins with identification of the environment 
type, network layout, and antenna array parameters. The propagation condition, LOS or NLOS, 
needs to be specified as well. Based on this information, path loss is calculated and large-scale 
parameters, such as delay spread, shadowing fading, angular spread, and K-factor, are generated. 
Afterwards, small-scale parameters, such as cluster power, angles of arrival and departure, and 
XPR, are generated. Once all these parameters are obtained, the channel coefficients can be gen- 
erated using the equation given in Figure 10.19. The full roadmap for generating the CDL channel 
coefficients is given in Figure 10.30. 

Note that, for link level simulations, cluster powers, delays, and other large-scale parameters 
shown in Figure 10.30, are already defined in [14] for different propagation conditions and scenar- 
ios. Procedures for generating AoDs and AoAs for each ray within the clusters, random coupling 
of rays and XPRs are summarized as follows: 


e Generating departure and arrival angle for each ray in each cluster: An azimuth AoDs for the 
m-th ray in the nth cluster is given by 


PnmAod = Pn,aod + Casp%m> (10.31) 
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Figure 10.30 CDL channel coefficient generation steps. Source: 3GPP Radio Access Network Working 
Group [14]. ETSI. 
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where ¢,, sop is the n-th cluster’s azimuth AoD, c,¢p is the cluster-wise RMS azimuth spread of 
departure angle, and a,, is the ray offset angle within the cluster. numerical values of ¢,, ,4p> Casp> 
and a, are predefined and tabulated in [14]. In a similar manner, $4, 4045 On,m.zop» 204 On m.zoa 
can be obtained as 


PnmAod = PnAod + Casa%m (10.32) 
©,.m,zop = Pnzop + zsp%m> (10.33) 
©,.m,Z0A = Pnzoa + Czsa%m- (10.34) 


e Coupling of the rays within a cluster for both azimuth and zenith directions: Randomly couple 
AOD angles $y maop to AOA angles ¢, 404 Within each cluster. Similarly, couple ZoD angles 
©,mzop to the ZoA angles ©, »7,4 in a random fashion. Again, couple randomly AoD angles 
#nmAop to the ZoD angles ©, ».zop Within each cluster. 

e Generation of the XPR values: 


Sg =O (10.35) 


with X being the per-cluster XPR (in dB) given in [14]. 


10.4.4 Role of Artificial Intelligence (Al) in Channel Modeling 


The above discussed approaches of developing channel models are quite complex and 
time-consuming due to the required exhaustive processing and analysis of the measured 
data. Additionally, the developed models are usually given in terms of over-simplified mathe- 
matical relationships which in turn degrade their degrees of fidelity. Due to the critical nature of 
the envisioned futuristic use cases and applications, more reliable channel models will be strictly 
required and any discrepancy between a channel model and the corresponding real channel that it 
is ought to present might not be tolerable. Furthermore, since the complexity level of the channel 
evolves with the wireless technology, it is apparent that the complexity of the channel modeling 
process will increase drastically in the future generations of wireless technology. Therefore, an 
alternative approach of modeling the wireless channel more efficiently with reasonable complexity 
must be sought. 

To this end, Artificial Intelligence (AI) techniques, such as machine learning (ML), are consid- 
ered to be potential approaches of generating channel models. ML is well known for its capability of 
enabling a system to learn, predict, and make assessments of a situation without involving a human 
intelligence. Most importantly, the astonishing capability of ML in handling multidimensional and 
multivariety data with affordable complexity, and its ability of constructing a realistic represen- 
tation of a phenomenon without requiring a strict definition of its model, makes it a promising 
approach for channel modeling in the future wireless networks. In fact, there has already been some 
growing effort of exploiting various ML techniques for estimating the channel’s fading parameters 
such as path loss, delay spread, and Doppler spread. ML techniques based on supervised learning, 
unsupervised learning, and reinforcement learning have been extensively considered for channel 
estimation recently. 

Deep learning (DL) is another ML based approach that exhibit a great potential in terms of chan- 
nel modeling. With the help of its hidden layers based architecture, DL possess a great capability 
of tackling problems that do not have precise numerical models. The multiple hidden layers are 
capable of suppressing noise while appropriately preserving the intrinsic distinctive features that 
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Figure 10.31 = |Llustration of the channel modeling steps with DL based neuro-network. 


define the characteristics of the propagation phenomena. Generally, DL takes raw data as input, 
thus, it does not necessitate preprocessing of the data for feature extraction. 

An example of modeling a channel by using a feedforward deep neural network (DNN) approach 
is shown in Figure 10.31 [11]. The collected real channel measurement data are first used for train- 
ing by using back propagation or Newton algorithm, followed by the DNN algorithm that estimates 
the weights parameters to build the model. Test data are then used to examine performance of 
the developed model. The error calculated at the end serves as a measure of the accuracy of the 
developed channel model as well as efficiency of the used algorithm. 

In general, the research on the applicability of ML techniques on wireless channel modeling is 
still in its infancy and there are a number of challenges that need to be addressed. Here are some 
of these challenges: 


e Since the performance of the ML approaches is determined by the nature of the data set used 
for training process, the sufficiency of training data set in terms of quality and quantity from a 
channel modeling perspective needs to be investigated. 

e Traditional ML problems, such as underfitting and overfitting of the models during the training 
process, pose a threat on the accuracy of the developed models. 

e Suitable criteria that govern the selection of a certain ML technique for a particular scenario are 
yet to be investigated. 

e ML have not yet been able to solve the problem of generality. That is, when a new environment 
is considered, the model need to be retrained using new, appropriate data set. 

e The idea of using AI techniques in channel modeling and estimation brings a new physical layer 
security (PLS) threat. 


10.5 Channel Measurement 


Measurement of the propagation characteristics of wireless channel is a complex task. However, 
it is very crucial ingredient for designing a radio system and network planning. For instance, 
path loss and shadowing fading characteristics of a channel need to be accurately measured 
in order to determine the network’s coverage area. Furthermore, channel measurement plays 
an important role in developing channel models, which are also essential tools for designing a 
wireless system and validating new algorithms. Note that it is also possible to obtain channel 
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models via simulation-based approaches, such as RT, which are advantageous in terms of cost. 
However, plenty of prior information regarding propagation environment details are necessary to 
develop an acceptable simulation-based model, leading to high computational complexity which 
in turn limits the general applicability of such approaches. Consequently, channel measurement 
and empirical channel modeling are inevitable tasks. In a nutshell, channel measurement can be 
essential for (i) observing and understanding behavior of the channel in the relatively new envi- 
ronmental setups, (ii) developing more accurate channel models, and (iii) testing and validating 
new communication systems. 

Generally, the channel measurement process is conducted through well-designed techniques 
known as channel sounding techniques. Conceptually, a typical sounding technique involves send- 
ing a sounding signal that excites the channel and observing its response at the receiver. Design of 
the sounding signal depends on the sounding technique used. Based on the transmit bandwidth of 
the sounding signal, the sounding techniques can be categorized into narrowband and wideband 
channel sounders [15]. 

Narrowband channel sounding: Narrowband simply refers to the transmission where the inverse 
of the signal bandwidth is much greater than the multipath delays of the channel. Statistical char- 
acteristics pertaining to such transmission are usually determined from measurements carried out 
at a single frequency. Consequently, narrowband sounding techniques employ an unmodulated 
carrier wave (single tone) signal as a sounding signal. The carrier signal is transmitted to excite 
the channel and the response is captured by a mobile or stationary receiver. Multipath effect of the 
channel is observed as the variation of the amplitude and phase of the received signal due to the 
random phases addition of the signal arriving over many scattered paths. 

Narrowband measurement mainly captures time domain fading characteristics of the channel, 
which can be easily observed from the fading envelope of the received signal. Since this measure- 
ment captures channel response at a single frequency, it has infinite temporal resolution which 
makes it impossible to distinguish replicas of the signal arriving with different delays. Therefore, 
narrowband channel sounders are unable to unveil some important channel parameters such as 
maximum excess delay, RMS excess delay and coherence bandwidth, which are very crucial in 
understanding the small-scale characteristics of the channel. Such parameters are more related to 
the wideband channels. 

Wideband channel sounding: Modern wireless systems such as cellular and wireless fidelity 
(Wi-Fi) normally operate in wideband channels. In order to capture the aforementioned 
wideband-related channel parameters, a sounding signal occupying a wide bandwidth is required. 
Several wideband channel sounding techniques based on periodic pulse and pulse compression 
techniques are available in the literature. Details about these techniques will be given in the 
subsequent subsections. 

In general, wideband channel sounders can be categorized into time and frequency domain 
sounders. Time domain sounders focus on capturing temporal characteristics, whereas frequency 
domain sounders are intended to capture spectral characteristics of the channel. Nevertheless, 
spectral and temporal behaviors of the channel are like two sides of the same coin, that is, their 
corresponding parameters are usually interderivable. For instance, a fast Fourier transform (FFT) 
operation on the CIR of a given channel gives frequency correlation behavior of the same channel. 
However, a decision on which technique to use can be made based on the targeted application for 
the transmitted data as well as complexity in processing the measurement result. 
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10.5.1 Frequency Domain Channel Sounder 


The narrowband channel sounding approach described previously can be extended and applied 
for wideband measurement as well, simply by stepping the single tone signal across discrete 
frequencies within the desired band. In other words, a transmitter is set to sequentially send a 
series of single tone signals with different carrier frequencies over the desired channel bandwidth 
with a constant transmission power. The effective received signal captured by a spectrum analyzer 
constitutes a transfer function that is equivalent to the low-pass transfer function of the measured 
channel. An inverse fast Fourier transform (IFFT) process can then be used to obtain the CIR. 
This approach serves as a straightforward, simple and inexpensive way of measuring a wideband 
channel. Furthermore, it has relatively high degree of accuracy, as the transmitter is tuned and 
phase-locked to each of the discrete center frequencies within the intended band. On the other 
hand, this technique has a number of drawbacks that limit its applicability. For instance, it becomes 
highly time-consuming when frequency steps are too small (i.e. large number of discrete frequen- 
cies need to be stepped on) or when the bandwidth to be measured is too large. Additionally, 
the frequency stepping technique produces meaningful results only when the channel remains 
constant during one complete measurement across the band. As a result this approach might 
not be suitable for measuring a rapidly varying channel due to mobility in the communication 
environment, i.e. no Doppler effect that can be accurately measured. Furthermore, the technique 
can face hardware limitation, as most of the equipment, antennas in particular, are optimized 
for a specific center frequency and thus may not give a reliable measurement result at other 
frequencies. 


10.5.1.1 Swept Frequency/Chirp Sounder 

As an alternative to the frequency stepping channel sounder, the frequency sweep technique or 
chirp sounder, which is relatively faster, is commonly used. With the chirp sounder technique, the 
desired channel bandwidth, AB, is swept continuously from the lower to higher frequency and the 
received signal is sampled without stopping the sweep. Time domain chirp signal or transmission 
waveform is given by 


2 
p(t) = exp lon (1 4: awe )| OLE: (10.36) 


where the term f, + AB - t/2T, represents instantaneous frequency, f;,,,,, which increases linearly 
with time. T. is the chirp duration. 

Similar to the frequency stepping approach, this technique also measures the complex frequency 
response of a channel and then makes use of the Fourier relationship to obtain CIR, h(t). Temporal 
resolution of the obtained CIR depends on AB and the frequency domain windowing applied 
to improve the dynamic range in time domain. A vector network analyzer (VNA) is usually 
employed for the measurement which captures the channels frequency domain response in terms 
of S-parameters, S,,(f;,:)- Measurement setup and procedure for this method is summarized in 
Figure 10.32. 

Although this method is relatively faster compared to the frequency stepping technique, it is still 
not suitable enough for a varying channel measurement, as a one complete sweep can take up to 
few seconds in some cases. Also, cable losses and bulkiness of the VNA limit this technique to the 
low range, indoor channel measurement. 
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Figure 10.32 Setup of frequency sweeping technique with VNA. 


10.5.2. Time Domain Channel Sounder 


Time domain wideband channel measurements techniques are used to directly obtain the impulse 
response of the channel. These techniques are mainly based on either the periodic narrow 
pulse approach or the pulse compression method. Depending on the receiver structure, the pulse 
compression sounder can be realized either by matched filter or cross-correlation approaches. 
Generally, the transmitted signal s(t) is given by 


Np-1 


s(t) = ¥ ag(t — iT Ren), (10.37) 
i=0 


where N, is the number of pulses to be transmitted during measurement, a; is the amplitude of 
the ith pulse, and g(t) is the periodically repeated pulse in every fixed interval T,,,. The difference 
between the aforementioned two types of time domain sounders is based on the choice of the g(t) 
waveform. 


10.5.2.1 Periodic Pulse/Impulse Sounder 

The principle behind this technique is that a narrow (short duration) pseudo-impulse is period- 
ically transmitted to excite the channel. The impulse must be sufficiently narrow to ensure that 
the signal bandwidth is larger than the coherence bandwidth of the channel being measured in 
order to capture all the echoes. That is, the pulse width T,,, of the transmitted pseudo-impulse sig- 
nal determines the minimum identifiable delay path resolution. The pulse repetition period T,., 
has to be sufficiently rapid to allow observation of the time-varying response of individual propaga- 
tion paths, but also long enough to ensure that all multipath components decay between successive 
impulses. On the receiver side, the received signal is firstly filtered by a band pass filter (BPF) with a 
bandwidth B = 2/T,,. The signal is then amplified and measured by an envelope detector to get the 
attenuation of each received multipath component. The detected CIR is eventually displayed and 
stored on a high speed oscilloscope. Basically, each transmitted short pulse provides a “snapshot” 
of the multipath channel at a certain time instance. Average PDP is obtained by averaging the CIRs 
given by each snapshot over the measurement duration. The transmitter and receiver setups of this 
sounding technique is illustrated in Figure 10.33. 

One important thing about this technique is that, accuracy of the measurement highly relies on 
the ability to trigger the oscilloscope on the first arriving signal. Therefore, proper synchronization 
method is of paramount importance for this particular sounding technique. In the case of low-range 
measurements in the indoor environment, synchronization between equipments can be achieved 
via direct cable connection. Generally, coaxial or fiber-optic cables are used. In case a long range 
measurement in an outdoor scenario is desired, global positioning system (GPS) can be used to 
establish synchronization through a reference signal. An added advantage of this approach is that 
the measurement locations can be automatically recorded. However, this approach requires both Tx 
and Rx equipments to have LOS connection with the GPS satellite. Alternative to the GPS approach, 
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Figure 10.33 Channel measurement setup with periodic pulse technique. 


presynchronized rubidium clocks can be employed to facilitate synchronization between equip- 
ments. Rubidium clocks are very stable and can retain the synchronization up to several hours. It 
is also possible to achieve synchronization through the wireless link itself. This is referred to as self 
triggering. In this case, the recording at the Rx is triggered by the received signal exceeding a cer- 
tain threshold. However, if the first arriving signal is blocked or experiences a severe fading effect, 
the system may not trigger properly. 

The pulse sounding technique uses an envelope detection technique which captures only the 
amplitude variation, whereas phase information of the channel, which contain details about the 
AoAs of the MPCs, is discarded. However, if coherent sources are available at the Tx and Rx, coher- 
ent demodulation of the received pulse can be employed to recover phase information, and thus 
obtaining the complex impulse response of the channel as well as Doppler shift information. 

Theoretically, the periodic pulse sounder is an ideal technique if T,, approaches zero, which 
means that delay resolution is infinitely small. However, such pulse with very small T,,, requires 
high transmit power in order to be able to detect weak multipath components, since all the energy 
is contained within a narrow pulse. Consequently, peak-to-average power ratio (PAPR) emerges as 
a major drawback of this technique due to a required large dynamic range of the transmit power 
amplifier in order to ensure accurate measurement. Another major limitation of the impulse 
sounder is that it is highly susceptible to interference and noise due to the wide BPF employed at 
the receiver to facilitate time-domain resolution of the MPCs. 


10.5.2.2 Correlative/Pulse Compression Sounders 

Correlative sounders are based on the theory of linear system. They assume that the channel and 
the transceiver equipments constitute a linear system whose output y(f) is the convolution of the 
transmitted signal s(t) and impulse response h(t) of the channel, summarized as 


y(t) = hO * s) = }) Alelsie - er}. (10.38) 


It is well established in the theory of linear system that if white noise w(t) is fed into the input of a 
linear system (i.e. s(t) = w(t)) and the obtained output is cross-correlated with a delayed version of 
the input (i.e. w(t — 7)) then the resulting coefficients are proportional to h(t) evaluated at t = t: 


E{y(t) -w*(t — t)} = E{h(t) * w(t)- w*(t—-7)}, (10.39) 
= E{h(t) * N,6(7)}, (10.40) 
= N,A(r), (10.41) 
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where E{-} is the expectation notation, N, is the noise power spectral density, and 6(-) is the Dirac 
delta function. The process described just above shows that the channel response h(t) can be 
obtained with the aid of a white noise signal and cross-correlation processing. However, generating 
a perfectly white noise is not feasible in practical scenarios. Alternatively, due to its noise-like 
characteristics, a pseudo-random binary sequence (PRBS), or simply pseudo-noise (PN) sequence, 
such as the maximum length PN sequence (m-sequence) can be used to achieve similar result. 
Generation of m-sequence is relatively easy and it is practically realizable by using linear feedback 
shift registers (LFSRs). The LFSRs with N, shift registers and XOR gates generates an m-sequence 
signal of length Npy where 


Noy = 2% — 1. (10.42) 


Figure 10.34 shows a block diagram of the essential components that constitute a transmitter 
setup of this technique. In simple terms, a carrier signal is spread over a large bandwidth by mixing 
it with a PN sequence with chip duration T, and chip rate R,, (i.e. Rp, = 1/Tz,) which is then 
amplified and broadcasted to the channel. Principally, based on the implementation at the receiver, 
correlative sounders can be categorized into two types, a convolution matched filter and a swept 
time-delay cross correlation (STDCC) sounders, which are discussed below. 


e Swept Time-delay Cross-Correlation (STDCC) Sounder STDCC is also known as spreading 

spectrum sliding correlator channel sounder and is the most widely used wideband channel 
measurement technique. With this receiver implementation approach of the correlative sounder, 
the received spread spectrum signal is despread by cross-correlating it with a locally generated 
PN sequence, identical to the one used at the transmitter but with slightly lower chip rate, Rp,. 
Such practice of correlating the PN sequence signals with different chip rates (i.e. Rp, # Rp,) 
inherently implements a sliding correlator. The difference in the chip rates results in different 
time bases between the received and the locally generated sequences, such that the two signal 
are aligned with each other to give a maximum correlation after a duration T,j,, = 1/(Rp,. — Rey): 
Additionally, since the received signal has gone through a multipath channel, individual path 
components produce maximum correlation with the local PN sequence at different times, 
depending on their respective time delays. 
The sliding correlation operation provides a time dilation of the measured CIR, thereby com- 
pressing the effective measurement bandwidth and thus easing hardware requirement. That is, 
the correlation process results in a narrowband signal, the bandwidth of which is determined 
by the relative rate (i.e. R,,. — Rp,) of the two correlated sequences. This allows narrowband pro- 
cessing of the correlator’s output signal, which provides immunity to the passband noise and 
interference. The time dilation is quantified by the so called time-scaling factor y given by 


Ro 


= ——_, 10.43 
Ra -Rn (10.43) 
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Figure 10.35 STDCC based CIR measurement system. 


Due to the time dilation effect, the complete correlation over the whole PN sequence length 

takes y times the actual propagation time. Such lengthened measurement time makes it possible 

to collect the data using slow data storage methods. A simplified setup of the STDCC receiver is 

shown in Figure 10.35. 

Transmitter chip rate, R,,, scaling factor, y, and length Npx of the m-sequence have a wide rang- 

ing impact on the sounder’s measurement capabilities, and thus their optimum values highly rely 

on the aspect of the channel desired to be measured. Here, relationships between these parame- 
ters and some of the channel aspects are highlighted: 

1. Multipath resolution: The maximum delay spread (z,,,,,.) of the channel that can be measured 
by the sounder is determined by Npy. Specifically, period of the PN sequence, given by 
Npy/R7,, has to be greater than the channel’s maximum delay in order to ensure that all 
multipath echoes of the channel are captured. On the other hand, the sounder’s ability to 
resolve consecutive multipath echoes is determined by the used chip rate R,,. 

2. Maximum Doppler resolution: The maximum Doppler shift, fy .ax that can be measured by 
STDCC sounder depends on R,,, y, and Npy. The relationship is given by 


R Tx 


= ——_., 10.44 
Janae 2yNp ( ) 


Note that, for the fixed R,, and 7, fog, « 1/Npy, which poses a trade-off in selecting proper 
Non fOF Tax ANd foma, Tesolutions. That is, while longer PN sequence is beneficial for 
capturing the maximum delay spread of the measured channel, it, however, sacrifices 
sounder’s ability of measuring the channel’s Doppler spread accurately. 

3. Dynamic range: In the context of STDCC technique, ignoring the effect of system noise, 
dynamic range (in dB) can be simply defined as the ratio of the magnitude of the correlation 
peak to the magnitude of the maximum instance of correlation noise, and it is purely a 
function of the PN sequence length: 


Dynamic Range = 20 log, )Npy- (10.45) 


If an additive white Gaussian noise (AWGN) channel is considered, dynamic range is given 
as a ratio of the peak power to the level of the noise power, given as 


F _ Npn 

Dynamic Range = 20 log,, 3 (10.46) 
N, oBpn 

where, Bpy is the bandwidth of the PN sequence. 

In essence, dynamic range determines the ability of the sounder to detect weak multipath 

echoes. However, STDCC sounder’s dynamic range is limited by a number of factors such as 

noise, nonlinearities of the power amplifier, and the difference between the chip rates. 
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e Convolution Matched filter Sounder Matched filtering based implementation of the correla- 
tive sounder does not require the presence of the identical PN sequence at the receiver in order to 
recover the desired channel response. Instead, convolution processing of the received PN signal 
with a matched filter is employed. A commonly used matched filter is the surface acoustic wave 
(SAW) filter. Since the SAW filter is matched to the waveform of the sounding signal used at the 
transmitter, the need for the local generation of the identical PN sequence is removed, which in 
turn reduces hardware cost and complexity at the receiver. 


10.5.3 Challenges of Practical Channel Measurement 
Field measurement of wireless channel faces several challenges including [16]: 


e Time consuming: Real measurement often require considerable amount of time and effort to con- 
duct as a statistically enough amount of data needs to be collected. 

e Lack of repeatability: Behavior of the measured channel is tightly coupled to the physical envi- 
ronment over which we do not have control. In case a wireless experimentation necessitates 
precise experimental conditions, the uncontrollable mobility of physical objects and people in 
the environment makes the required conditions impossible to reproduce. 

e Less flexibility: Bulkiness of the measurement equipment often makes the whole process less 
flexible. 

e Hardware effects: It is often difficult to separate distortions introduces by the channel and those 
introduced by the equipment. 

e Synchronization: For long range channel measurements in particular, substantial amount of 
effort is required to synchronize the devices in order to reduce frequency drift and phase noise. 

e Cost and complexity: Field measurements are generally expensive and complex. Their cost and 
complexity increase swiftly as communication systems become more sophisticated. 


These challenges motivate the necessity of the channel emulation techniques which are dis- 
cussed in the next section. 


10.6 Channel Emulation 


So far in this chapter and in the previous chapters, computer simulations have been adopted as a 
means for analyzing and understanding wireless systems. Under this section, we will shed light 
on other approaches that have been utilized in the literature as reliable testbeds for performance 
evaluation of the newly developed wireless devices and algorithms. 

Prior to their mass production, newly developed wireless devices or algorithms need to be care- 
fully tested and their performance thoroughly analyzed under realistic propagation conditions. In 
this regard, a direct and more reliable way of conducting such testings is through experimentation 
with real hardware and software in the real-world environment. Although such on-site tests provide 
a desired level of realism in the measurement and the performance analysis obtained therefrom is a 
highly reliable one, they are, however, expensive, time-consuming, and difficult to repeat. Ideally, a 
good experimentation method should, in addition to achieving realism and fidelity of the measure- 
ment, be able to provide controllable and repeatable experimental conditions. Due to the random 
nature of the RF propagation environment, it is difficult to meet such demands with on-site mea- 
surement. Consequently, researchers have resorted to computer simulations for the testing and 
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verification process. Although computer simulations can overcome the problem of repeatability 
and reconfigurability, they are, however, hampered by the lack of realism and fidelity, as well as 
the required excessive run time. In order to make the measurement process tractable, simulation 
setups are usually over-simplified, which makes the conducted analysis less reliable from a prac- 
tical perspective. Nevertheless, simulation-based analyses are still beneficial in the early stages of 
developing a wireless system [17]. 

In order to retain the advantages of both on-site measurement and simulation, wireless channel 
emulators are widely used by researchers and engineers. Channel emulators refers to the instru- 
ment or setup capable of reproducing the actual radio wave propagation effects in a controllable 
manner in the laboratory environment. In essence, emulation is a midway between realistic field 
measurement and computer simulation, serving as an efficient, reliable, and less expensive testing 
platform. 


10.6.1 Baseband and RF Domain Channel Emulators 


Conventionally, channel emulators generate the desired wireless channel effects based on the 
predetermined channel models. The generated channel coefficients are then introduced on 
the intended communication signal in baseband or radio frequency (RF) domain. Generally, 
baseband emulators are more flexible as they are capable of working with signals designated for 
any frequency band. However, they necessitate that the input RF signal is first down converted 
and sampled before being digitally processed to introduce the desired channel effect. Once the 
channel effects are added, the output signal needs to be up converted back to its original RF band. 
Consequently, baseband channel emulators introduce high processing delays in addition to their 
complex structure and high cost due to the required up and down conversion circuitry elements. 
Furthermore, the RF-baseband-RF conversion stages introduce unwanted hardware distortions to 
the signal besides the desired channel effects. Such distortions include analog-to-digital converter 
(ADC)/digital-to-analog converter (DAC) quantization noise, phase noise, and I/Q impairments 
[18]. 

On the other hand, RF domain channel emulators introduce the desired channel effects directly 
to the input RF signal without going through digitization and baseband conversion processes, 
which significantly overcomes the aforementioned challenges associated with the baseband emula- 
tors. State-of-the art RF domain emulators can be roughly categorized into two groups: as a pure RF 
circuit based, or as reverberation chamber (RVC) based emulators. Pure RF circuit based emulators 
are only suitable for non over-the-air (OTA) tests whereas RVC emulators demonstrate remark- 
able capabilities in emulating RF propagation environment for OTA tests. In simple terms, OTA 
test refers to the experimental methodology used to predict performance and reliability of a wire- 
less device in the emulated/pseudo-realistic propagation environment. Ideally, a device under test 
(DUT) is placed inside a test chamber (with controllable propagation environment) and is subjected 
to different propagation conditions to check how it performs. 


10.6.2 Reverberation Chambers as Channel Emulator 


10.6.2.1 General Principles 

RVCs are electrically large metal cavities with a high quality factor (or simply Q-factor) that permit 
the excitation of a large number of modes with closely proximate resonant frequencies. Q-factor 
of the RVC is defined as the ratio of the steady state energy retained within the chamber to the 
dissipated power per each RF cycle. Proper functioning of RVC as a reliable measurement facility 
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is achieved when it is operated at high enough frequency (above the lowest usable frequency) such 
that its Q-factor is above the required threshold, Q,,,, given by 


Ag \2/3 y1/3 
re aie 
3 2A 


where V is the volume of the chamber and 4 is the wavelength of the EM signal at a given opera- 
tional frequency. In general, it is suggested that operational frequency is selected such that electrical 
dimensions of the chamber are at least 8A to 10A [19]. 

The reason for on operating the RVC at high Q-factor is to ensure that a very high mode den- 
sity is achieved inside the chamber. Mode density is defined as the number of modes (resonant 
frequencies) that can be excited in the chamber per the given frequency bandwidth. Field distri- 
bution of the excited modes create locations of high and low field magnitudes, also referred to as 
hot and cold spots, respectively. Measurement with RVC requires that these hot and cold spots are 
uniformly distributed within the chamber. This is in order to ensure that the measurement samples 
obtained from the chamber are statistically independent (i.e. uncorrelated). That is, the average of 
the power measured at any location within the chamber is constant, within some standard devia- 
tion. The smaller the standard deviation the higher the measurement accuracy. At this stage, RVC 
is said to be spatially uniform. Spatial uniformity of RVC is achieved by continuously relocating the 
hot and cold spots through the so called mode stirring techniques. There are two basic approaches 
of performing mode stirring, mechanical stirring and frequency stirring. 

Mechanical stirring, as its name implies, involves physically moving something within the cham- 
ber in order to relocate the positioning of the hot and cold spots inside the chamber. Common 
examples of mechanical stirring are spatial/position stirring and paddle stirring. Spatial stirring is 
achieved by displacing or reorienting the DUT. That is, measurement is repeated with the DUT 
placed at different locations within the chamber. In the paddle stirring approach, a large, turnable, 
metallic paddle, preferably irregularly shaped, positioned somewhere inside the chamber is turned 
either continuously or in discrete steps in order to reorient the locations of the hot and cold spots 
while measurements are taken. The measurements collected at different paddle position are then 
averaged over all measured paddle positions. Here it is pertinent to note that step size at which 
the paddle is turned has very strong relevance to the effectiveness of this stirring mechanism. Too 
short paddle steps may be highly correlated, degrading efficiency of the stirring process. Similarly, 
the effectiveness of this mode stirring technique can be enhanced by placing more than one paddle 
stirrer inside the chamber. 

In the case of frequency stirring, spatial uniformity of the field inside the chamber is realized 
by sweeping the excitation frequency through a given window of frequencies. Changing the cen- 
ter frequency during the sweeping process changes the electrical size of the chamber which in 
turn, causes the excited modes to change constantly. This dynamicity of the excited modes causes 
continuous relocation of the hot and cold spots inside the chamber. Samples measured at each 
of the discrete frequency points within the given window are averaged over the number of fre- 
quency points. The computed average measurement is attributed to the center frequency in the 
corresponding window of frequencies. Similarly, effectiveness of the frequency technique is deter- 
mined by the selection of frequency step sizes for the frequency sweeping. The frequency step size 
has to be larger than coherence bandwidth B, of the chamber in order to ensure that the samples 
measured between consecutive frequencies are totally uncorrelated. B, is related to the Q-factor, Qy 
of the chamber and the frequency f, at which the chamber is operated by relationship B. = f./Qy 
[20]. 


, (10.47) 
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Figure 10.36 Frequency response for (a) undermoded RVC (b) overmoded RVC. 


However, it is important to note that no stirring mechanism is perfect practically. There is always 
an unavoidable degree of spatial dependency of the field inside the RVC, especially when it is oper- 
ated at low frequencies or when the size of DUT is relatively large. Therefore, using more than one 
stirring mechanism is highly recommended. 

There are several ways of counterchecking whether spatial uniformity is achieved inside the 
chamber or not. But before characterizing the spatial uniformity, it is important to first exam- 
ine density of the excited modes in the chamber. This can be done by simply observing frequency 
response of the measured data samples at a single spatial position. Frequency response of the under- 
moded chamber is characterized by separated individual resonant peaks, whereas such peaks are 
not identifiable for an overmoded chamber due to the overlapping of many significant modes at 
any one of the given frequencies, as shown in Figure 10.36 [21]. Once mode density is confirmed to 
be high enough, accuracy of the stirring mechanisms can be assessed by plotting the distributions 
of the measured data and comparing it with the PDF predicted for an ideal chamber. However, this 
approach requires that the measurement from multiple locations inside the chamber are compared 
with the corresponding theoretical PDF, as well as with one another, in order to ensure that they 
are not only of the correct type, but also there is only a little variation in their respective magnitudes 
and shapes. Another alternative, which is more straightforward, is just by looking at the standard 
deviation of the measured samples. For an ideal chamber with an infinite number of measure- 
ment samples, standard deviation is zero. Therefore, standard deviation of a well-stirred chamber 
is expected to be relatively small. 

The above discussed approaches of double checking chamber performance are visual based 
approaches. A more reliable way of ascertaining the performance of the chamber is by conducting 
a goodness-of-fit (GoF) test such as Kolmogorov-Smirnov and Anderson-Darling tests [22]. 
GoF tests statistically measure the confidence level with which the samples measured from the 
chamber follow a targeted probability distribution. For more detail about GoF tests, reader is 
referred to references [22, 23]. 


10.6.2.2  Emulating Multipath Effects Using RVC 

The RF signal emitted inside RVC naturally experiences multipath dispersion due to multiple 
bouncing off the highly reflective walls enclosing the chamber. This dispersion characterizes the 
typical multipath effect observed in the realistic propagation environment. It is already established 
in the literature that the multipath effect inside a well-stirred chamber inherently emulates 
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Rayleigh fading characteristics of the wireless channel. However, with some more sophisticated 
measurement setups, the capability of RVC can be extended further to emulate other varieties of 
fading processes experienced in the realistic channels. 

Similar metrics used to quantify dispersion in the realistic environment can also be applied to 
the enclosed space in the chamber to measure and adjust the dispersion characteristics of the emu- 
lated channel. In the case of delay spread, for example, dispersion is quantified by using maximum 
excess delay (7,,,.,), mean excess delay (7,,.4,), and RMS excess delay (z,,,,,) derived from the PDP. 
Theoretically, PDP of the mode stirred chamber follows an exponentially decaying function with 
its time constant t, = Q;/@, where @ is the radian frequency (i.e. w = 2zf,, with f, being carrier 
frequency) [24]. Mathematically, 


rms. 


PDP(t) = Prox? ® =Pre 2 (10.48) 
where P,,,,, is the tap’s maximum power. Empirically, PDP is found directly from the measured 
CIR, h(t, rc) averaged over t = 1,2, ... , ty stirring instances as [25] 

PDP(z) = (|A(t,7)|*),- (10.49) 


In order to control time dispersion of the emulated channel, the RF absorber loading technique is 
normally used. In this technique, materials capable of absorbing RF energy are introduced into the 
chamber to reduce the ring-down duration of the signal reverberating in the chamber. Appropriate 
number of RF absorber materials can be loaded to reduce the emulated delay spread to a required 
level. Below is the experiment demonstrating delay spread measurement with RVC. 


e DEMONSTRATION: Delay Spread Emulation Using RVC 

Let us consider the experimental setup given in Figure 10.37. The setup is comprised of a typical 
RVC with 120 cm x 68 cm x 55cm dimension. The chamber is equipped with all necessary com- 
ponents: stirrer with controllable speed, pieces of RF absorber made from foam materials, and 
Tx and Rx antennas. In this particular experiment, a Rhode-Schwarz ZVA67 VNA was used for 
collecting measurement samples. 

During the experiment, a combination of frequency, paddle position, and Rx antenna position 
stirring mechanisms is used. The VNA is set to sweep a window of 500 MHz bandwidth centered 
at 5 GHz operational frequency. Note that at this operational frequency, dimensions of the used 
RVC correspond to 204 x 11.34 x 9.24 electrical dimensions, well above the least acceptable 
dimensions suggested by Corona [19] (i.e. 84 to 10A). 2001 frequency points are swept at each of 
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Figure 10.37 Experimental setup for delay spread analysis. 
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Figure 10.38 Measurement results. (a) PDF of the measured samples compared with theory. (b) PDP 
obtained with different number of absorbers loading. 


the 5 different paddle positions and 4 antenna locations inside the chamber, making a total of 


40 020 samples for PDF estimation. 


As we have discussed earlier, it is important to first check if spatial uniformity is achieved with 
the selected stirring mechanisms. To this end, PDF of the magnitudes of the collected samples is 
computed and then compared with the theoretical PDF of the Rayleigh distribution. A snippet 
of Matlab code for this is given below and the PDFs are plotted in Figure 10.38a. The figure 
shows visually that the two PDFs are best fit of each other, suggesting that the chamber operates 


efficiently at the selected frequency. 


1 e Tm in DE £ the llecte easureme 

2 iple 1 mpare £ E heoret E eigh PL 
3 Parameter Setuy 

4 FrequencyPoints = 2001; Frequency stirrin oint 

5 MechStirPoints = 20; Mechanical stirrind instances 
6 TotalMeasSamples = FrequencyPoints*MechStirPoints; 

7 bins = 40; for Empirical PDF estimation 

8 Load mea ( rameter 

9 load('Measur 


10 MeasSamples = 
11 MeasSamples = reshape (MeasSamples, TotalMeasSamples, 1); 
12 Computing the Theoretical DI 

13. TheorySamples = linspace(0,0.5,TotalMeasSamples/bins) ; 

144 [phat,7]=raylfit (abs (MeasSamples) ); 

15 estimate Rayleigh parameter. 

16 TheoryPDF=raylpdf (TheorySamples, phat) ; Theoretical PDF 
17 Figure 

is figure; hold on; grid on; box on 

19 histogram(abs (MeasSamples),bins, 'Normalizati 


21 plot(TheorySamples, TheoryPDF, 'linewidth',1.5) 
22 xlabel('Samples');ylabel('PDF'); 
23 legend('Empirical PDF', 'Theoretical Rayleigh PDF') 


Delay spread of the emulated channel is then observed for three scenarios defined by number of 
absorbers loaded into the chamber. In the first scenario, no absorber is used, and the second and 
third scenarios correspond to three and five pieces of loaded absorbers, respectively. With simi- 
lar measurement processes described above, the VNA measures frequency response, H(f) of the 
emulated channel over the 500 MHz bandwidth in terms of S-parameters. Empirical CIR, Act, T)s 
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is computed through inverse discrete Fourier transform (IDFT) processing of the measured H(f) 
as 


h(t,r) = IDFT{H(f)}. (10.50) 


The relationship given in Eq. (10.49) is then employed to compute the PDP for each scenario. Mat- 
lab code for the PDP computation is given below. The computed PDPs are shown in Figure 10.38b, 
which show clearly that RF absorber loading is an effective way of controlling delay spread in the 
RVCs. 


1 
2 

3  FrequencyPoints = 2001; 
4 MechStirPoints = 20; 

5 Bandwidth = 500e6; 
6 

7 

8 

9 


Tau = (0:1:FrequencyPoints-1) ./Bandwidth; 

load('Measurementl.mat'); H_Scenariol = S21; 

load('\™ su ent2. ; H_Scenario2 = S21; 
10 load('Measurement3.mat ; H_Scenario3 = S21; 


13 n=1:MechStirPoints 

14 h_Scenariol(n,:)=ifft(H_Scenariol(n,:)); 
15 h_Scenario2(n,:)=ifft(H_Scenario2(n,:)); 
16 h_Scenario3(n,:)=ifft (H_Scenario3(n,:)); 
17 

18 PDP_Scenariol=mean(abs(h_Scenariol).*2); 

19 PDP_Scenario2=mean(abs (h_Scenario2).*2); 

20 PDP_Scenario3=mean (abs (h_Scenario3).*2); 


22 figure;hold on; grid on; box on 

23 plot(Tau./10e-9,10*1l0g10(PDP_Scenariol/max(PDP_Scenariol))) 
24 plot (Tau./10e-9,10*10g10 (PDP_Scenario2/max (PDP_Scenario2) ) ) 
2 plot(Tau./10e-9,10*10g10 (PDP_Scenario3/max (PDP_Scenario3) ) ) 
2 xlabel('Time (ns)'); ylabel('Normalized PDP (dB)') 


RVC is also a reliable tool for emulating the time selectivity/Doppler spread effects of a wireless 
channel [25, 26]. The rotating stirrer employed in the chamber for mode stirring can also serve as 
a source of mobility inside the chamber, which induces Doppler effect to the reverberating signal. 
This particular way of creating Doppler effect corresponds to the scenario in which the mobility 
is due to the motion of surrounding objects while transmitter and receiver antennas are fixed. In 
order to control bandwidth and shape of the emulated Doppler spectrum, the factors influencing 
intensity of Doppler spread in the realistic environment need to be mapped into stimuli conditions 
for RVC experiment. For example: 


e Effect of mobility speed can be easily emulated by using a stirrer with controllable speed. Here, it 
is important to note that due to the rotational motion of the stirring paddles, different points on 
the paddle experience different linear speed depending on their distance from axis of rotation. 
Therefore, the speed inside RVC should be treated as random variable with particular distribu- 
tion rather than a single value. Furthermore, due to the resonant nature of the RVCs, an MPC 
can interact with the stirrer several times, undergoing a Doppler shift each time, before being 
captured by Rx. Consequently, the effective Doppler spread observed in the chamber is usually 
larger than its theoretically calculated value. 

e Changing frequency of the RF signal from the signal generator can be done to study effect of 
operational frequency. 
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e Effect of motion intensity on the emulated Doppler spectrum can be reproduced by introducing 
more than one stirrer into the chamber. Motion intensity implies a ratio between the percent- 
age of MPCs coming from stationary and moving objects. Therefore, introducing more than one 
stirrer into the chamber increases the probability that the MPCs interact with a moving object 
within the RVC, which increases motion intensity. 

e RF absorbers can be used to characterize the effect of AoA on the Doppler spectrum. When 
absorbers are placed properly in the chamber they can prevent MPCs from a particular direction 
from interacting with the stirrer, affecting symmetricity of the resulting Doppler spectrum. 


The following is demonstration of emulating Doppler spread and controlling Doppler spectrum 
by using different stimuli factors. 


e DEMONSTRATION: Doppler Spread Emulation Using RVC 
The Doppler spread emulation setup is given in Figure 10.39. The key components in this setup 
are the RVC equipped with a speed controllable stirrer, vector signal generator (VSG), vector sig- 
nal analyser (VSA), and antennas. Experimental investigation of Doppler spread involves trans- 
mitting a tone from the VSG at a desired operation frequency so that the spreading due to Doppler 
effect can be easily observed in frequency domain of the received signal. VSA is used to record 
the signal capture by Rx antenna in the chamber for the postprocessing stage on Matlab. Note 
that it is important to record enough number of samples in order to obtain sufficient statistics. 

In this experiment, data are captured and recorded for 20 seconds. 

Before starting the data recording, the span of the VSA must be appropriately adjusted in order to 

avoid an aliasing problem. In this regard, it is very important to know the relationship between 

span AW and sampling frequency f, of the used VSA model. In this particular experiment, 

N5172B VSG and N9010A VSA models from Keysight Technologies are used, where f, and AW 

are related by f, = AW x 1.28. Span is set to AW = 8 kHz, which corresponds to a sampling 

rate of 10.24 kHz. The Doppler spectrum is revealed by postprocessing the recorded I/Q data 
samples on Matlab. The postprocessing steps are as follows: 

1. Frequency offset correction: Frequency offset due to mismatch between local oscillators (LOs) 
of the VSA and VSG must be estimated and corrected before handling the data. However, this 
step can be avoided by synchronizing the devices through their appropriate synchronization 
ports by using a wired connection. 

2. Computation of channel correlation function: This is done by calculating autocorrelation of the 
captured I/Q data samples. 
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Figure 10.39 Experimental setup for Doppler spread emulation. 
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Figure 10.41 Impact of operating frequency and speed on Doppler spectrum. (a) f = 910 MHz. (b) 
f = 2410 MHz [26]. 


3. Obtaining Doppler spectrum: Finally, the Doppler spectrum is obtained by applying FFT pro- 
cess on the channel correlation function obtained in the previous step. 
It is also possible to observe the spreading directly from the VSA. One way of doing this is by 
observing spectrogram of the received signal, as shown in Figure 10.40. In this figure, effects of 
speed and operation frequency are shown. By observing the Figure 10.40a—d along horizontal 
and vertical axes, it is clear that amount of spreading increases with the increase in speed of the 
stirrer and operational frequency, as expected. Similar result can be observed on the Doppler 
spectra, shown in Figure 10.41, obtained through postprocessing of the captured data on Matlab. 
As pointed out earlier, the effect of motion intensity is investigated by introducing another iden- 
tical stirrer into the chamber. In this experiment, the speed of the stirrers is set their highest 
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Figure 10.42 Impact of motion intensity on Doppler spectrum [26]. (a) f = 910 MHz. (b) f = 2410 MHz. 
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values and the Doppler spectra are observed for two different operation frequencies. The Doppler 
spreading is observed to increase with the increase in motion intensity for both frequencies, as 
shown in Figure 10.42. 

The last part of the experiment investigates the impact of angular spread on the shape of the 
Doppler spectrum by using RF absorbers. A study in [25] suggests that an effective way of manip- 
ulating the shape of Doppler spectrum is by placing the absorbers around the stirrer, rather than 
the Rx antenna. The result is shown in Figure 10.43, in which the shape of the Doppler spectrum 
appears to be more symmetric prior to the introduction of the absorbers into the chamber. How- 
ever, it should be understood that using RF absorbers is not the only way of controlling the shape 
of the emulated Doppler spectrum, judiciously changing the location of the antennas and stirrer 
inside the chamber can produce a similar effect. 


The experimental demonstrations given above feature very basic channel emulation setups. In 
the recent literature of RVC studies, there are many advanced setups developed to facilitate OTA 
testings of more complex propagation characteristics and practical evaluation of the state-of-the 
art technologies such as MIMO systems [27]. Most of these advanced emulators are available 
commercially. 
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10.6.3 Commercial Wireless Channel Emulators 


Commercial companies provide more comprehensive and standard compliant channel emulators. 
Commercial channel emulators are usually designed to emulated real-world channel, as specified 
by the standardization bodies such as 3GPP and International Telecommunication Union (ITU). 
Despite their high cost, most of the researchers and wireless systems developers prefer these com- 
mercial emulators because of their capability of emulating the channel while considering various 
channel-related concepts, such as scheduling, diversity, smart antennas, MIMO systems, and beam- 
forming. Here, we give a brief overview of some of the interesting commercial channel emulators 
that target some state-of-the-art communication scenarios: 


e Air-to-ground channel emulator: The Propsim F8 channel emulator [28] from Keysight 
Technologies offers a platform for testing communication systems that incorporate aerospace, 
unmanned aerial vehicless (UAVs), satellites, and other airborne radio systems in the laboratory 
environment. This emulator enables realistic generation of all radio channel characteristics 
relevant to the aeronautical channels, such as high Doppler shifts and long delays. The desired 
channel effects can be emulated via built-in models or customer-specific data imported from 
third party scenario tools. 

e Drive test emulator: A drive test is a performance test methodology that helps mobile operators 
analyze and benchmark interoperability of the targeted wireless devices and the real network. 
The test usually involves an exhaustive field measurements. It is, however, very important as 
it enables wireless engineers identify and resolve different practical issues prior to the network 
deployment process. The Anite Virtual Drive Test toolset [29] developed by Keysight Tech- 
nologies is a customized emulator for conducting such tests in the laboratory environment. The 
emulator uses real data captured in the field to build tests that replay drive or indoor test routes 
by emulating real-world RF network conditions in a controllable manner. This replay can be 
performed with a real network infrastructure or a simulated network. 

e Ad Hoc network channel emulator: The Propsim Mobile Ad-Hoc Network (MANET) chan- 
nel emulator offers an efficient way of evaluating end-to-end performance of radio systems in 
Ad Hoc networks [30]. Mobile Ad Hoc networks are comprised of radio nodes that dynamically 
self-organize into random network topologies, making them difficult to characterize. With the 
MANET channel emulation solution, the radio locations and movements are defined in the Prop- 
sim test scenario file, which controls the time-varying dynamic link conditions such as network 
topology, path loss, multipath, Doppler and propagation delay, during the test run. The link con- 
ditions can also be controlled by a customer via a local area network (LAN) interfaced external 
computer. 

e 5G massive MIMO emulator: NYU 5G emulator [31] is developed to specifically reflect 5G 
related features, such as massive bandwidth and hundreds of antenna elements operating at 
mmWave frequencies, which determine the channel conditions. In this emulator, a different 
approach of emulating wireless channel involving multiple antennas is used in order to reduce 
hardware cost and complexity due to the usage of large number of antennas. Specifically, the 
NYU emulator emulates not only the wireless channel, but also the beamformer (phased-array 
antenna elements) at both Tx and Rx DUTs. In the traditional emulation paradigm, the beam- 
forming operation are performed by the DUTs themselves. In this case, each antenna element 
needs a cable connection to the channel emulating filters. Note that the phased-array antenna 
elements cannot be connected via cables. Figure 10.44 shows the differences between traditional 
emulators and the NYU 5G emulator. 
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Figure 10.44 (a) Traditional emulation paradigm with beamforming operations integrated into the DUTs 
themselves. (b) NYU emulator with emulated beamforming operations. 


10.7 Wireless Channel Control 


Wireless channel has been perceived as an uncontrollable entity in the traditional wireless 
technologies, including the imminent 5G. This perception is generally attributed to the random 
nature of the propagation environment. Consequently, the designing process of wireless systems 
has always excluded propagation environment in the formulation of the system optimization 
problem. Such system design and optimization practice gradually increased the signal processing 
and hardware complexities on the transceivers. Additionally, this traditional approach relies on 
techniques that trade-off system’s resources, such as time, spectrum and power, to mitigate the so 
called uncontrollable channel-related effects. Considering the explosive growth in the number of 
wireless users and mobile devices, accompanied with the tremendous increase in the amount of 
data volume that needs to be handled by wireless networks, the aforementioned system resources 
have become too precious to be traded-off. In addition to this, the day-by-day increase in the 
societal needs has led to the emergency of numerous applications and use cases with diverse and 
stringent performance requirements. In this regard, the traditional paradigm of designing wireless 
systems has proven to be very slow, if not unable, to catch up with such fast growing demands. 
To this end, researchers have resolved to start considering the optimization of the “problematic” 
wireless medium itself during the system design in the future generations of wireless technology. 
However, this requires the ability of controlling the wireless propagation environment. 

In order to enable the control of wireless environment, several approaches have been proposed 
and discussed in the literature. Here we will shed light on two promising techniques: reconfigurable 
antenna (RA) and reconfigurable intelligent surface (RIS). 

RA is an emerging technology that equips antennas with the ability to dynamically modify their 
radiation characteristics, such as operating frequency, radiation pattern, and polarization. The con- 
cept of RA is based on the fact that the way antennas radiate energy is determined by the antenna’s 
geometry and surface current distribution. Therefore, controlling the distribution of current in the 
antenna leads to the controlling of its radiation pattern [32]. Such capability of RAs offers some 
additional degrees of freedom for optimizing wireless systems. From the channel perspective, RAs 
are able to control how the transmitted signal interacts with the environment it travels through just 
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by adjusting its radiation pattern. This is due to the fact that the channel response observed at the 
receiver, is determined by both the distribution of the scatterers in the propagation environment as 
well as the interplay between MPCs and antenna’s radiation pattern. The spatial distribution of the 
scatterers varies relatively with distance, height and radiation pattern of the antenna, which in turn 
determines the temporal and angular/spatial domain characteristics of the channel. Therefore, RA 
can be used to deliberately create favorable channel conditions which enhances systems through- 
put and reliability. Furthermore, the fact that different radiation states lead to the realization of 
different channel signatures can be exploited for extra data transmission under the media-based 
modulation concept [33], thereby, improving system capacity. 

RIS is another example of the technology which is under development in an effort to facili- 
tate channel control capability. Essentially, RISs are man-made surfaces composed of low cost 
and energy efficient (nearly passive) elements that can be electronically controlled to reconfig- 
ure their EM functionalities, such as absorption, reflection, and polarization. Based on the same 
concept as RAs, i.e. the EM emissions from a surface are determined by the distribution of elec- 
trical current over it, RIS aims to control and modify the current distribution over its reflective 
elements in a way that enables exotic EM functionalities such as absorption, anomalous reflections, 
and reflection phase modification. The RISs are envisioned to be integrated into the propagation 
environment so that they act as artificial intelligent scatters that can alter the traditional wireless 
propagation characteristics. In this way, the propagation environment can be characterized by con- 
trollable scattering, reflection, and absorption phenomena, thereby, providing a way of overcoming 
their negative effects [34]. 

A simplified structure of the RIS is shown in Figure 10.45, along with the visualization of some of 
its interesting EM functionalities. A simple scenario of an RIS aided communication in the presence 
of a blockage is illustrated in Figure 10.46. In this case, RIS placed on the facade of a big building 
can be used to establish seamless connectivity with good quality of services for the users behind 
the blockage. 

Although these approaches of controlling the propagation environment are quite promising, 
their developments are still in their infancy and there are many challenges yet to be solved in 
order to guarantee their practical viability. In the case of RIS, for example, the proper adjustment 
of the elements’ EM functionalities requires the knowledge of the channel. The question of how 
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Figure 10.45 A simplified structure of RIS and some of its peculiar EM functionalities. 
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Figure 10.46 An example of the RIS aided 
communication scenario. 


Blockage 


to perform channel estimation with the passive RIS elements needs to be answered. If we resort 
to performing channel estimation at the BS, the best way of feeding back the estimated channel 
coefficients to the RIS needs to be investigated. 


10.8 Conclusion 


This chapter summarizes the concept of wireless channel. It explains various aspects of the channel 
from its fundamental propagation principles and the associated effects, followed by the techniques 
that are used for measuring, modeling, and emulating these effects. The chapter also shed light on 
recent perceptions of wireless channel, where there is an increased need for achieving a capability 
of controlling its effects. For the sake of brevity and complexity of the discussion, some concepts are 
only briefly explained, an interested reader can refer to the given references for further discussions 
and insights on those concepts. 
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Received signal degradation is coming not only from the channel in the form of noise and fad- 
ing but also from equipment, which might be thought of as part of the channel. In additive white 
Gaussian noise (AWGN) and fading channel models, no impairments from hardware are consid- 
ered and the received signal is implicitly assumed to be synchronized with what was transmitted. 
In other words, the optimal sampling time instant was assumed to be known, and the signal was 
assumed to have been demodulated perfectly with no frequency mismatch between oscillators at 
transmitter and receiver sides. However, practically, mismatch in both time and frequency between 
communication sides is inevitable, and the receiver must be synchronized with the transmitter; 
otherwise, the performance of the system is degraded severely if it operates at all. 

In this chapter, carrier and time synchronizations, which were briefly discussed in Chapter 8, are 
addressed and the conventional receiver structure is further advanced to include those functional- 
ities. Signal modeling and the effects of impairments are first discussed in the next section. More 
detail on radio frequency (RF) impairments are provided in Chapter 5. In later sections, carrier and 
time synchronization approaches are detailed and implemented. Developed methods are presented 
for single-carrier signals and using linear modulation schemes. Synchronization for orthogonal fre- 
quency division multiplexing (OFDM) systems is discussed in Chapter 7, and synchronization as 
part of a blind receiver is provided in Chapter 12. 


11.1 Signal Modeling 


The main target of this chapter is synchronization for lab equipment, i.e. software defined radio 
(SDR) equipment, and since the processed signals given to and returned by these devices are 
baseband signals, the focus will be on the baseband signal modeling. We consider two signal 
representations at different rates, namely: sequence of samples, where the time index n is used, 
and sequence of symbols, where the time index k is used. For instance, the received signal can be 
either expressed at the sample rate and denoted by r(nT,,) (or r,,) or at the symbol rate and denoted 
by r(kT) (or r,), where T and T,, are symbol and sample periods, respectively. The two periods are 
related by T = N,T,,, where N, is the oversampling ratio (i.e. number of samples per symbol). 

In the AWGN channel, only one imperfection was assumed, which is the addition of white noise. 
In this chapter, a more practical channel with more imperfections coming from the propagation 
path and hardware is studied. The newly added signal errors are time error (or delay) and phase 
error. 
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At the transmitter side, before transmitting a frame, its training and data symbols are upsam- 
pled and filtered by a shaping filter. The resulted sequence of samples represents the wave car- 
ried by a carrier signal over the channel. At the receiver side, the same frame as a continuous 
wave is received and sampled. Notice that the same wave is represented as a sequence of sam- 
ples at both sides, so it is required to have matching between samples in time to obtain the opti- 
mum downsampling point. Also, the location of the optimum downsampling point for symbol 
extraction within each N, samples will not be the same at both sides. The total difference between 
optimum sampling points at transmitter and receiver sides is referred to as symbol timing error, 
which is due to signal propagation and sampling clock mismatch and impairments. Downsampling 
with timing error results in inter-symbol interference (ISI) that can severely degrade the system 
performance. 

The symbol timing error is modeled as a fractional number, denoted by r, and added to the ideal 
downsampling time index. The downsampling operation is a resampling operation where the sam- 
pling rate is reduced by a factor of N,. Assume that the output of the matched filter is r*(nT,,), then 
the downsampler output with time error is given as: 


r(kT; 7) = r*(KN,T,, — t,N,T,) + Z(KN,T 9) 


eae (11.1) 
=r ((k—1)T) + 2(kT), 


where z(kT) represents the filtered noise samples that are modeled as complex Gaussian random 
variables. The problem of estimating and compensating for z is referred to as optimum downsam- 
pling in this chapter. Symbol timing synchronization and frame edge detection are addressed in 
Section 11.4. 

The phase error is divided into two parts: the first one grows linearly with time and it is a result 
of the carrier frequency offset f,, and the second one is fixed over time and it is a result of the carrier 
phase offset @,. Oscillators at transmitter and receiver drift slightly from the carrier frequency to 
right or left and the frequency difference between them results in f,. This offset causes rotation 
of points in the signal space over time, which results in a cross-talk between real and imaginary 
parts of the received signal. Another source of frequency offset is the Doppler shift due mobility. 
However, oscillators mismatch might be much larger than the offset due Doppler effect. Oscillators 
mismatch is not only in frequency but also occurs in time resulting in 6,. Given that the transmitted 
signal through the channel is x(nT,,), the received signal with phase error is given as: 


y(NT,) = x(NT, ero" T+) + w(nT,,), (11.2) 


where w(nT,,) is a white Gaussian noise following CN (0, o”). Estimation and compensation for the 
carrier phase error, including both offsets f, and 6,, is addressed in Section 11.3. 

Figure 11.1 shows the main stages related to the synchronization problem, which the signal goes 
through. Note that, in addition to the noise, f, and @, are introduced in the channel since the RF 
circuit is assumed to be part of the channel. The timing error is partially due to propagation and 
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Figure 11.1 AWGN channel with time and phase errors modeling. 


11.2 Synchronization Approaches 


it is also introduced by the downsampling unit. The effect of these impairments on the system 
performance is discussed in Chapter 8. 

For numerical analysis, the introduced impairments above are modeled as shown in the follow- 
ing code snippet. Note that the added delay is fixed for all symbols and it takes a finite number of 
values equal to multiples of T,,. To have a variable delay over time, resample() function might be 
used as shown later in Section 11.4. 


1 
2 

3 

4 

5 N = 1e3; 

6 M= 4; 

7 data = randi([0 M-1], N, 1); 

8 symbs = complex(qammod(data, M)); 

9 

lo alpha = 0.5; 

ll sps = 8; 

12 fltr = rcosdesign(alpha, 16, sps, 'normal'); 


13. symbs_up = upsample(symbs, 8); 
1440 sgnl_in = conv(symbs_up, fltr); 


is fs = le6; 
19 fo = 350; 


20 t = (O0:length(sgnl_in)-1)'/fs; 
21 sgnl_off = exp(j*2*pi*fort); 
22 sgnl_out = sgnil_in .* sgnl_off; 


2 po = 0.5*pi; 
2 sgnl_out = sgnl_out*exp(j*po); 


27 SNR = 20; 
28 sgnl_out = awgn(sgnl_out, SNR, 'measured'); 


30 dly = 3; 
31 sgnl_out = sgnl_out(dly: ie 


11.2 Synchronization Approaches 


In communication systems, an important step at the beginning of the communication process is 
called initial acquisition or initial synchronization. It is required whenever a device is turned on 
searching for connection or in the case of handover between cells. In this step, as the name suggests, 
initial operations necessary to establish a successful communication are performed. In addition, 
information required for reliable communication is obtained. The main goal in this process is to 
detect the existence of a signal corresponding to a given source in the network. Besides, part of the 
synchronization process is done at this stage. 

Transmitters, like base stations, send known signals periodically to perspective terminals to ini- 
tiate a communication link. The coordination between base stations, to avoid interference or to 
enable services like high-accuracy positions, is achieved traditionally based on the received global 
positioning system (GPS) signal. However, due to its limitations, like poor indoor support, dedicated 
synchronization networks are deployed. Synchronization networks are also needed for phase syn- 
chronization, which is important in applications like multi-cast services where multiple cells are 
transmitting to the same terminal at the same time. 
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For a terminal to connect to a given base station, it has to detect the known signal transmitted by 
that base station in the acquisition process. This is achieved by means of correlation between what 
is received anda locally generated replica of the expected signal. Based on hypothesis testing, a deci- 
sion on whether this signal exists or not is made. In a nutshell, the detection steps are as follows. The 
correlation operation is performed between consecutive bursts of whatever is received by the ter- 
minal. The results at different lags are compared to a given threshold value; if the correlation value 
at a given lag is above this threshold level, then the receiver decides on the existence of the expected 
signal at that time. The threshold value is selected based on different parameters like the expected 
received signal power. For good results, the used sequence in this process should have good cor- 
relation properties, so that better detection of the signals is possible. Examples of practically used 
sequences are Zadoff-Chu and the maximum length pseudorandom sequence (m-sequence). 

Given that the transmitted sequence of symbols is known at the receiver side, it can be used for 
purposes other than communication initialization. Practically, it is used for channel estimation, 
adjusting the automatic gain controller (AGC), and some parts of the synchronization process. As 
shown in later sections, channel estimation and some synchronization steps can be achieved jointly 
jointly, especially coarse synchronization which is imporatnt at this stage. Mobile devices usually 
do not have high-end oscillators that are well centered at the carrier frequency with minor fre- 
quency offsets; instead their oscillators can have large offset values that need to be compensated 
using the received known signal. Even base stations in small 5G network cells, like pico and nano 
cells, are simpler than those deployed in larger cells and might be equipped with lower cost com- 
ponents including the oscillators. This makes the frequency offset compensation problem more 
serious with larger values. Coarse frequency offset compensation algorithms are applied at the ini- 
tial synchronization stage to eliminate or reduce the frequency offset between oscillators, and later 
during data transmission, finer compensation algorithms might be applied depending on the wave- 
form used at that stage. As shown later, it is critical to at least reduce the offset value, ifit is relatively 
large, so that match filtering and downsampling are possible. 

Waveform design plays an important role in the synchronization process, since one impairment 
can have different effects on different waveforms. For example, the effect of frequency offset on 
signal-carrier signal is a cross talk between real and imaginary parts of the received sequence of 
symbols (i.e. rotation in the signal space). However, its effect on OFDM is different. Assuming 
the offset value is not an integer multiple of the subcarrier spacing, inter carrier interference (ICI) 
occurs due to the shift of subcarrier signals in the frequency domain. Also by using different wave- 
forms, a synchronization problem might be shifted to other parts of the receiver like equalization 
or channel estimation. For instance, if the OFDM signal is adopted, frequency offset compensation 
is handled during channel estimation. The waveform selection can also give advantages at some 
parts of the synchronization process. 

As seen above, synchronization should not be thought of separately; instead, processing at the 
receiver side, which includes mainly channel estimation and synchronization, in addition to the 
waveform selection, should be considered jointly in the receiver design. Also, it should be pointed 
out that some applications might have restrictions on the waveform selection for different rea- 
sons, so they all should be considered when studying synchronization. In this chapter, the focus is 
on signal-carrier signals. Synchronization for OFDM is discussed in Chapter 7. In terms of what 
inputs are given to a synchronization algorithm, the algorithms are classified into two categories: 
data-directed or decision-directed. In the former, the processed sequence of samples or symbols 
is known in advance by the receiver. On the other hand, no knowledge of the received signal is 
available in decision-directed methods; instead received symbols are detected first and the detected 
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symbols are used for synchronization. In some algorithms, both received and detected symbols are 
used as shown later in time synchronization. 

For both methods above, in most practical implementations, some degree of knowledge about 
the system is available. This includes what type of waveform is used, modulation order, sampling 
rate, etc. However, blind receiver designs emerged recently based on machine learning (ML), where 
the level of knowledge of system parameters varies to a point where no knowledge is assumed. The 
implementation of such receivers is treated in Chapter 12. 

In terms of how the received samples are processed, synchronization algorithms are divided into 
two types: feedforward and feedback approaches. In feedforward methods, each vector of samples, 
forming a burst, is processed all at once. The input to a feedforward algorithm is a vector of sam- 
ples with some error to be estimated, and the output is the same sequence of samples but with the 
estimated error compensated. In feedback approaches, the samples are processed sequentially, and 
in each iteration, some information is fed back to be used in next iterations. Feedback approaches 
are widely used in practice since the early days of wireless communications systems and are sim- 
pler to implement compared to feedforward approaches. They are tracking approaches, where the 
error value to be compensated is tracked over time and fed back. On the other hand, feedforward 
approaches are based on estimation theory, where the error value is treated as an unknown charac- 
teristic of the received vector of samples that has to be estimated and removed. Techniques based 
on this approach are asymptotically optimum in the sense that with more samples as an input, the 
estimate will be more accurate. For infinite number of samples, the estimate will be exactly the 
actual error value. 

For single carrier signals, it is better to compensate for phase errors after downsampling for less 
complexity and better performance. However, if the frequency offset value is relatively large com- 
pared to the symbol rate, there should be a mechanism to at least reduce the offset severity so that 
match filtering and downsampling are possible. In Section 11.3 this problem is addressed in detail 
and the synchronization ordering is discussed. 

The rest of this chapter has two main sections as follows. In Section 11.3, carrier phase error 
is addressed where feedback and feedforward compensation techniques are presented. Time 
synchronization is considered in Section 11.4, where both frame edge detection and downsam- 
pling problems are addressed. For downsampling, both feedback and feedforward methods are 
shown. The developed methods, in general, are either maximum likelihood estimation (MLE) or 
heuristic-based methods. 
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Estimation and compensation for carrier impairments including both frequency offset, f,, and 
phase offset, 6,, are studied in this section. Developed methods show that phase and frequency 
offsets can be jointly compensated. 

In frequency offset compensation, two cases based on the offset severity are considered. The first 
one is for large frequency offset value relative to the symbol rate 1/T. In this case, frequency com- 
pensation must be applied before timing recovery. Otherwise, in the second case where f,T « 1, 
it is better in terms of performance to recover symbols and then compensate for frequency offset. 
Another advantage of operating at the symbol rate is less complexity, since the number of processed 
samples is the smallest possible number for detection. Consider the next signal model to show why 
it is important to compensate first for large offsets. 
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Let the transmitted signal be given as: 


x(nT,,) = Yb, g(nT,, —kT); n=0,1,...,N,-1, (11.3) 
k 


where N,, is the number of samples and b,’s are the transmitted symbols, which are assumed to 
be independent identically distributed random variables with zero mean value, and g(nT,,) is the 
pulse-shaping filter. The above equation represents the convolution sum of upsampled sequence 
of symbols and sampled filter g,, [1, 2]. However, since the upsampled sequence of symbols is all 
zeros except at IN, for 1 = 0,1, 2, ..., the convolution sum reduces to Eq. (11.3) shown above. Pulse 
shaping is covered in Chapter 6. 

Assuming an AWGN channel with a flat frequency response over all frequencies (i.e. no band- 
width limitation), the received signal y,, with phase error is given as: 


Yq = Xp_QrmboTanrho) + yy, (11.4) 


where w,, is an additive white Gaussian noise following CNV (0, 0”). Since 0, is constant over time 
and has no effect on the developed algorithms for frequency offset compensation, it is omitted for 
now (i.e. 6, = 0). Later in this section, we consider it back along with any phase ambiguity resulting 
from frequency offset compensation techniques. 

At the receiver side, y,, is filtered by a filter matched to the effective filter corresponding to trans- 
mitter shaping filter and channel response. Since the channel is assumed to have an ideal response, 
this filter is just matched to g,,. Then, the output of this matched filter, r”, is given as (assuming a 


n? 


symmetric g,,): 
Tn =Yn * Bn 
= DVS eno Tan—d + Zp, (11.5) 
l 


= elalelat(s, * Bn) + Sep 
where (*) denotes the convolution operator. z,, is the filtered noise and g,, is given as: 


; te fT <1 


gn = (11.6) 


gc hl: — otherwise, 

where for a relatively small frequency offset compared to the symbol rate (and not the sampling 
rate), the filtering mismatch due to frequency offset is assumed to be negligible. However, for larger 
offsets, the effect of offset on g}, shape within one symbol duration is not neglected. In this case, the 
frequency offset should be compensated before filtering and time synchronization. 

Note that for f,T «1, the effect of frequency offset on r7 is similar to its effect on y,,. In other 
words, the filtering operation is not affected by frequency offset and the filter output is just mul- 
tiplied by a complex exponential representing the offset effect. In this case, time synchronization 
is conducted before frequency synchronization for the reasons mentioned earlier. Frequency offset 
compensation techniques performed after time synchronization are called time-aided. 

In this section, compensation methods for large frequency offsets before time recovery are called 
coarse frequency compensation techniques. On the other hand, time-aided methods are called fine 
frequency compensation techniques. This naming convention is used to reflect the superior perfor- 
mance of time-aided compensation techniques. Figure 11.2 shows frequency offset compensation 
steps and their dependence or relation to symbol time recovery where they are applied at two stages, 
i.e. operating at rates 1/T,, and 1/T, for improved accuracy. Another reason for applying both coarse 
and fine compensation techniques is to support low-end equipment suffering from high carrier 
frequency offset values. 
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Figure 11.2 Carrier and time synchronizations ordering. Coarse frequency offset compensation (CFOC) is 
first applied to compensate for large frequency offset. Then, after match filtering and optimum 
downsampling, fine frequency offset compensation (FFOC) is applied to compensate for the small offset 
values. 


In the case of coarse frequency offset compensation, two methods are shown; the first one 
is based on the discrete Fourier transform (DFT) of received signal and the second is based 
on phase increment between samples. For fine frequency offset compensation, feedforward 
and feedback-based methods are developed where maximum likelihood estimation (MLE) and 
heuristic-based approaches are involved. 


11.3.1 Coarse Frequency Offset Compensation 


For coarse frequency estimation, two methods are shown. The first one is based on the DFT of 
received signal raised to a given power. This method gives a peak in the frequency domain at a 
frequency value equals to the offset frequency multiplied by the power value. The second method 
is based on phase increments between samples where the speed of this increment is related directly 
to the frequency offset value. 


11.3.1.1 DFT-based Coarse Frequency Offset Compensation 
Recall that any linearly modulated symbol, b,, can be written as 


b, = A,el*, (11.7) 


where A, € Nand c, € Z, and 6, = 27/D is an angular resolution of which the phase of any point 
in the signal space is an integer multiple and D is a fixed integer depending on the modulation 
order. For M-ary phase shift keying (PSK) modulation, D is equal to the modulation order M. 

By raising symbols to power D, where the multiplication is defined without conjugation, 
the resulted (b,)? will be real-valued regardless of its information content. In addition, if a 
constant-envelop modulation is used (i.e. M-ary PSK), (b,,)? will be a constant-valued signal 
where all its information content is freed up. This property is to be exploited next in detecting the 
frequency offset as proposed in [3]. 

For high signal-to-noise ratio (SNR) value, the noise term in Eq. (11.4) can be neglected and the 
received signal raised to power D is given as: 


(v,)° 3 (x,)?e27 Pho Tun 


_ pj2aDf,T.n 
=¢ _ Dy yk, Bk, — Di Bn-kyN, 
ky kp 


(@) j2nDf,T, D D 
= eleMotan x (Sn-kn,) + > fit Pe, nt, bate ah iy (11.8) 
k ky kp 
ky tye 
by, 
® ei2aDfTan 4 wi, 


where in (a), coefficients with same indices are taken out of the multiplication and represented 
by the single summation term. Assuming constant-envelop modulation is used, be is constant for 
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Algorithm 1 DFT-Based Coarse Frequency Offset Estimation. 


Input: y: vector of received signal samples, Np: DFT size, f,: sampling rate. 
Output: /,: coarse frequency estimate. 
Execution : 


1: Find D = 27/0, 
2: p = y°”, where (°) denotes the element-wise power operator. 
3: P.. = DFT {p} with DFT size Nppr- 
4: K = argmax P.. 
a ee f 
= fo mei DNorr 


all k and this summation is constant for all n. The second term corresponding to multiple summa- 
tions in (a) is considered as a random disturbance with zero mean value since b,’s are independent 
random variables each with zero mean value. In (b), c is given asc = )},(b,)?(g,_,)° and wi, rep- 
resents the random disturbance term in (a) multiplied by the complex exponential. 

Based on Eq. (11.8b), the magnitude of the discrete-time Fourier transform (DTFT) of (y,)?, 
DTFT{(y,,)?}, will have a peak value at a frequency equals to Df,. This peak corresponds to the 
constant-envelop term ce/*?fo™", However, we don’t deal with DTFT of the signal but its sampled 
version; the DFT. Consequently, the index, «, of the DFT sample having maximum value is used to 
obtain the offset estimate given as f > = &f,/(DN), where f, = 1/T,, is the sampling frequency and 
Nprr is the DFT size. The offset frequency does not always match with the frequency spectrum sam- 
ples; however, the larger the Np, is, the better its resolution will be and, as a result, more accurate 
estimate is obtained. A pseudocode of the developed algorithm above is shown in Algorithm 1. 

Since the DFT of received signal has a resolution of f,/Nppr, the mean value of estimated fre- 
quency offset might not be exactly the real value. Figure 11.3 shows simulation results for the 
mean value of frequency estimate error using different Np,-;. The simulation setup is shown in 


| 
6 \ QPSK | | 
T,/T =8 
5 \ RRC with a =0.5 || 
Number of symbols = 64 
_ f= 100kHz 


. \ fs= 1.909 kHz P| 
3 

| 
1 


2 4 6 8 10 12 14 16 
FFT size (x num. samples) 


Ellf.—fell (Hz) 


Figure 11.3 Simulation results showing the mean value of the frequency offset estimate error for different 
Noer- By increasing the DFT size (higher resolution of the spectrum), f, will be closer to the samples and the 
error mean value will be Less. 
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the figure. Iff, is happened to have a value that is integer multiples of f,/Np-,, then the mean error 
value will be zeros; however, if it is not the case, then the estimator is said to be biased. When the 
Nprr is increased, f, will be closer and closer to the spectrum samples and less error mean value is 
obtained as shown in the figure. 

In this simulation, f, and Nprr were selected carefully so that f, is always located in the middle 
between frequency spectrum samples even when their number is increased. This was done to show 
the overall behavior of the estimator as Np, increases. However, changing the Np, might result in 
very close samples to f, at smaller sizes or even give samples that match exactly with f,. Generally, 
increasing Npprr gives less error mean value. 

The estimation based on DFT is also used for fine offset compensation in Section 11.3.2 and this 
issue of finding the estimate between samples is treated in detail. Finally, the estimate variance of 
this estimator is discussed in the next section and compared to the phase-based estimator. 


11.3.1.2  Phase-based Coarse Frequency Offset Compensation 
The previously developed algorithm was built under the assumption of constant-envelop modu- 
lated signals. In this section, another method for coarse frequency estimation is provided for any 
linear modulation scheme [4], which is based on the phase increment between samples. Since the 
frequency offset is directly related to the signal phase, this increment can be exploited to estimate 
its value. 

Given x, and f,, it can be easily seen that each sample y,,, in Eq. (11.4), is normally distributed 
with the probability density function (PDF) 


eal 
exp ja ; (11.9) 


fOni XnJSo) = 262 


1 
V 2107 
where py = x,@27oT” is the mean value of sample y,. Assuming independent identically dis- 


tributed samples y,,’s, the PDF of y= [¥.)j...., Yn, 11, representing the sequence of received 
samples is their joint PDF given as: 


1 Nai? ‘ N,-1 ; 
y= exp | -———~ - ; 11.10 
Fon) = (x73) P| 353 2 Da my (11.10) 
where y = {x, f,} is the estimation vector given that x = [X,X,, ... ,.X, _,]. The maximum likelihood 


estimate of y, denoted by 7 = {%.f, }, is the one that maximizes the log-likelihood function of f(y; y) 
as follows: 
7 =arg ues Lif; y)) 
N,-1 


n 


(@) N, 1 1 5 
= arg max In ( ) 
6 Y { 2 2no2 202 2d Dn My, | \ 


6) N,-1 N,-1 N,-1 (11.11) 
=argmin \yn- Dv + Yl? 
y n=0 n=0 n=0 
a Nel 1 Nel 
c ry 
= argmax « — » 2y xeePfoTnn — > ale es 
y Ny 4z6 Ny 46 


where in (a) the left term is independent of y so it is omitted. Also, the multiplication term 1/207 is 
removed for the same reason. In (b), maximization is replaced by minimization since we omitted 
the negative sign. The first left term in (b) is the summation of observations which are fixed and 
not affected by 7 selection, so it is omitted as shown in (c). The introduced coefficient 1/N,, has no 
effect on the estimation process, but it is added as it is required next. 
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As a consequence of the law of large numbers, for a sufficiently large N,,, the sample average 
a pee |x, |? is approximated by E[|x,,|7]. Asa result, for sufficiently large N,,, it can be considered 
as a constant value regardless of 7 selection, so it is omitted. Therefore, Eq. (11.11) is reduced to 

N,-1 
v= arg max yer. (11.12) 
n=0 


Next, we assume high SNR value such that y,, © x,@?/T™", Another assumption that we would 
make is x, *x,_, and it implies that the change in any two adjacent received sample values 
(ie. y, and y,_,) is mainly due to frequency offset. Based on these two approximations, the 
likelihood function is written as: 

N,-1 
7 = arg max DM se ee (11.13) 
n= 


The complex exponential is independent of the summation index, so for any given x, ie that 
maximizes the likelihood function is given as: 


N,-1 
~ 1 x : 
f= maT,“ { Doi} ; (11.14) 
n=1 

As seen in the above equation, the implementation of this technique is straightforward as shown 
in Algorithm 2. 

The performance in terms of the estimate variance of this estimator is shown in Figure 11.4. 


In addition, a comparison with the DFT-based method discussed in Section 11.3.1 is provided. 
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Figure 11.4 Performance comparison between two coarse frequency estimation methods: DFT (DB) and 
phase (PB)-based approaches. DFT-based algorithm is shown to have variance going to zero for higher SNR 
values, unlike the phase-based algorithm which has variance floor. 
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Algorithm 2 Phase-Based Coarse Frequency Offset Estimation 


Input: y,: received signal samples, f,: sampling rate. 
Output: /,: coarse frequency estimate. 
Execution : 
1: Find d, =y,y,_, wheren =1,2,...,.N,—1 


2: a = LAY, d,,). 


It can be easily seen that the DFT-based technique performs better; however, it was shown only 
for constant envelop modulation schemes. On the other hand, the phase-based technique has no 
limitations on the received signal envelope and it is not biased for any f, value. As discussed in the 
previous section, to have an unbiased estimate in the DFT-based approach, f, must match one of 
the frequency spectrum samples, otherwise the closest sample is selected. 

The two methods discussed above operate at the sampling rate and require no time recovery. 
In the next section, time-aided estimation methods operating at the symbol rate are provided. As 
mentioned earlier, two frequency estimation methods might be applied at different stages for more 
accuracy and support for devices suffering from high offset values like low-end SDR equipment or 
aged high-end equipment that might have this issue if not calibrated. 


11.3.2 Fine Frequency Offset Compensation 


Before starting with the estimation techniques, we first give the signal model and assump- 
tions used throughout this section. The frequency offset is assumed to be relatively small 
(i.e. f,T « 1), and presented algorithms operate at the symbol rate 1/T using recovered symbols 
after time synchronization. After filtering and downsampling, the received symbols are given as: 


ry, = byePAhT + z,, (11.15) 


where k = 0,1,...,N —1 and N is the number of symbols and T is the symbol duration. z,’s are 
noise samples that are assumed to be independent and identically distributed random variables 
where each is modeled as a complex Gaussian random variable following C.NV(0, o). Without loss 
of generality, we assume that T = 1. 

In the next two sections, two methods are presented. The first one is MLE-based and it is shown 
to be related to the DFT of received symbols in a similar manner to the developed method in 
Section 11.3.1. This method is said to be feedforward, which, like all developed methods until now, 
has no feedback and operate on the buffered sequences of received symbols at once. The second 
one is a heuristic-based method that is based on phase-locked loop (PLL) theory. 


11.3.2.1 Feedforward MLE-Based Frequency Offset Compensation 
All received symbols b,’s in Eq. (11.15) are assumed to have fixed amplitude. Therefore, r, is 
given as 


1, = Ae ePto™ 4 z,. (11.16) 


This is a valid assumption when s;,’s are training symbols. Another case where this assumption 
is valid is for symbols based on a constant-envelop modulation and relatively high SNR. In this 
case, raising r,, to the modulation order, M, as explained in Section 11.3.1 will give constant valued 
S,,’8 regardless of their information content multiplied by e*@o™, Therefore, after estimating the 
offset, it is divided by M to get the actual offset value. 
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The value Ae” of received symbols is fixed but assumed to be unknown. In the developed algo- 
rithm shown next, A and @ are considered as estimation parameters among f, and their estimates 
are given in terms of f, estimate. 

Let r= ([Fry,7,.--5 Ty,-11 be a vector representing the received symbols and y = {A,f,,0} be an 
estimation vector containing unknown but fixed parameters to be estimated. Then, similar to the 
discussion around Eq. (11.10), the PDF of r for a given y is given as: 


fen =(4,)" my ' 1.17) 
ry =( exp |- a> Dale Mr, || > 
2no? 260 : 


where p,, = Aelfok+#) is the mean value of symbol r,,. 
Similar to derivation in Eq. (11.11), the maximum likelihood estimate of y, denoted by 
7 = {A, 1 6}, is the one that maximizes the log-likelihood function of f(r; vy) as follows: 


7 = argmaxL(f(r; 7) 
Y 
N-1 N-l N-1 
_ . 2 * 2: 
= arg min {de - yi 2r.et, + Yl, \ (11.18) 
k=0 k=0 k=0 
‘s N-1 N-1 
a * 4 
= argmax {ae net - ya : 
Y 
k=0 


k=0 
The summation in the left term in (a) represents the DTFT of the signal r,, and it is denoted by R(e’”) 
where w = 2zf,. Letb = Aé®, then the problem will be in terms of the estimation vector B = {a,b}. 
Consequently, the maximum likelihood estimate in Eq. (11.18) is represented as follows: 


A 


B = arg max Lif(r; B)) 
B ates 5 (11.19) 

= arg max {2b*R(ei”) — N,|b|?}, 

where B = {, 5}. For a given @, it can be found that the value of b that maximizes L(f(r; B)) by 

ensuring oL(f(r; B))/0b = 0 is given as: 


_ Re) 
b= 5. (11.20) 


By substituting Eq. (11.20) in Eq. (11.19), we find that 

@ = arg max Pel”), (11.21) 
where 

Peel) = SIRE")? (11.22) 


and it is called the periodogram of signal r,, which is an estimate of the signal power spectrum 
[2]. Finally, the values @ and b= R(e®)/N are the maximum likelihood estimates of w and b, 
respectively. 

Based on P(w) definition, it can be seen that the maximum likelihood estimator of signal parame- 
ters is related to the Fourier transform of observed samples, which is a relationship that was proven 
in [5]. The Cramér—Rao bound of the estimator, o; , which gives a lower bound on the estimate error 
variance, was also derived in [5] and it is given as: 


5 12f207 
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Note that for N > 1, the estimate variance is proportional to 1/N* and for higher sampling rate 
more samples are required to maintain lower deviation. 

The algorithm used to get the signal frequency would be simply to find the DTFT of r, then 
the estimated frequency value is the one at which |R(e’”’)| is maximum. However, as mentioned in 
Section 11.3.1, we don’t deal with the DTFT of the signal, which is a function of continuous variable, 
but its DFT. In addition, finding the global maximum of |R(e”)| is computationally demanding 
since it might have many local maxima. The DFT of signal r, is given as: 


R(x) = Riel”) 


w=22K/N 
N-1 : 

= Yines™. (11.24) 
1=0 


As a sampled representation of the actual signal, using R(x) to estimate the frequency by search- 
ing for x at which it is maximum would not give an accurate estimate. Figure 11.5 shows both 
DTFT and DFT for a given signal. Note that the maximum value is located between two DFT sam- 
ples; the two samples with maximum |R(«)| values. Therefore, even if the DFT size is increased 
to get higher resolution and closer estimate (as discussed in Section 11.3.1), finding just the maxi- 
mum value of |R(i)| is not enough, and there should be a mechanism to detect the frequency value 
between samples at which |R(x)| is maximum. 

Since the accurate frequency estimate is expected to be in the vicinity of «, an accurate estimate 
of frequency offset value is given as: 


A K+61 
an es 11.25 
f= 5 (11.25) 
where 6 € (—1, 1) is a fractional value added to the estimate «. Searching for «, such that 
k = arg max |R(x)| (11.26) 


is called a coarse search. The next step of finding 6 is referred to as a fine search. Several algorithms 
have been reported in the literature for estimating 6 based on DFT samples interpolation. The goal 
of these algorithms is to use samples around &, i.e. « +d where d = 1,2,..., to find the estimate 6. 
For instance, in [6, 7], the ratios of DFT samples at « and « + 1 are exploited for estimation, and 
the use of five samples centered around « for estimation was shown in [8]. Another approach to 
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Figure 11.5 DFT and DTFT for the same arbitrary signal. Finding the global maximum of P(e”) requires 
two searching steps. The first one is finding « at which P(x) is maximum. Next, samples around the 
maximum value are used in interpolation to locate « + 6. 
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enhance the performance of the estimator is based on iterative implementation as shown in [9]. The 
estimated frequency residual in an iteration is used as a bias for the next one to give more accurate 
estimate. Since the goal in this section is to provide a general understanding of fine DFT-based 
frequency offset compensation approaches and for the sake of simplicity, the approach in [6] is 
adopted next. 

Consider the three DFT samples including « and the two samples around it given as follows: 


N-1 : 
C= Vinee; pe (0,41). (11.27) 
l=0 


By substituting Eq. (11.16) into Eq. (11.27) and considering only the signal part of r,, those coeffi- 
cients are given as: 
is eee o. 
C. = Ae? yee as eal 
P 
1=0 
ce aes 
= Ad? » eal 
1=0 
@ soit exp) 


(6=p) 


1-7 
b : j2n6 
aC eee 
j2x(6 — p)/N 


In (a), the power series identity Des 2” = (1+2%)/(1 — 2) is applied. In (b), since (6 — p)/N «1, 
e*-P)/N ig approximated by the first two terms of its Taylor series expansion; @7@-P/N w~ 
1 —j2x(6 — p)/N. In addition, ¢?7°-P) = @* for any p. 

Next, the following two ratios are defined: 


(11.28) 


Cy 6 
nani} = sa" (11.29) 
C_y 6 
= = : 11.30 
M4 nie} 6+1 ee) 


Real value is taken because, in case of having additive noise, the ratios will be complex-valued 
and only their real parts are taken as a noisy estimate of 6 [6]. Note that the p, and p_, are directly 
related to the residual frequency 6 and two estimates, as follows, are possible: 


Py 
Py il 
P2 


6, = ——. (11.32) 
1—-p, 


6) 


(11.31) 


Given a sufficient number of symbols, both estimates would give the same value in the ideal case 
with no noise. However, estimate errors based on 6, and 6, were derived in [6] and shown to follow 
normal distributions CNV(0, o,) and CN (0, o,), respectively. o, and oc, depend on both SNR and the 
offset sample location, i.e. K + 6, with respect to «. As it might be expected, the variance increases 
for lower SNR values. In terms of sample location, it was shown that the estimate based on the ratio 
of closest samples to « + 6 has less variance, so it is selected as an estimate. This is illustrated in 
Figure 11.6, where the offset value at « + 6 can be located either between the interpolation samples 
Cy at K and C, atk + 1 (case 1), or C_, at K — 1 and C, at & (case 2). In case 1, it can be easily seen 
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(b) 


Figure 11.6 Two cases for the location of the estimate (« + 5) between DFT samples. (a) Case 1: the fine 
estimate is located between the coarse estimate and next sample. (b) Case 2: the fine estimate is located 
between the coarse estimate and previous sample. 


based on their definition that both 6, and 6, are positive fractional values; otherwise, they are less 
than zero. Therefore, the estimate of 6 in Eq. (11.25) is 6, if 6, > 0 and 6, > 0, else it is 6,. 

Based on discussion and derivations provided above, the MLE-based fine frequency estimation 
algorithm is given in Algorithm 3. 

The performance of this algorithm is measured in terms ofits estimate error variance. Figure 11.7 
shows the performance of this method for different sequence lengths over a range of SNR values. 
The variance decays exponentially by increasing the SNR value. It can be read from results that 
doubling the size of the training sequence enhances the performance by approximately 10 dB. 
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Figure 11.7 Maximum-Likelihood-based fine frequency compensation algorithm performance for different 
sequence lengths and over different SNR values. An offset value of f, = 350 Hz and symbol rate of 1 MHz 
are selected in this simulation. 
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Algorithm 3 MLE-Based Fine Frequency Offset Estimation. 
Input: r: received symbols vector with length N. 
Output: Ve fine frequency estimate. 
Execution: 

1: Find & based on the DFT ofr as defined in Eq. (11.26). 

2: C, = R(k + p), where p € {0,+1}. 

3: pp =R { &}, where Le {+1}. 
4: Find 6, = + and6, = . 

py-1 1-py 

5: if (6, and 6,)> 0 then 
6 6= 6). 
7 
8 
9 


: else 
> 6=6,. 
: end if 
10: Find f, as defined in Eq. (11.25) where 6 is replaced by its estimate 6. 


11.3.2.2 Feedback Heuristic-Based Frequency Offset Compensation 
In this section, frequency offset compensation is performed based on the drifting speed of symbols 
in the signal space. 

Unlike phase offset, which is a fixed phase value-added to all symbols, frequency offset produces 
a time-varying phase. Consider Figure 11.8 that shows different time snapshots for the constella- 
tion diagram of received quadrature phase shift keying (QPSK) symbols, all having the same value 
(1+). All symbols are expected to come at the same space point; however, due to frequency offset, 
they are drifting away from that point at a speed that depends on the offset value as follows: 


A,(2af,k) = 2nf,(k + 1) — 2af,k 
= 2nf,, (11.33) 


where A,() is the difference operator over the time index k, which is an approximate of derivation 
in the continuous time domain. We note that the phase difference between two adjacent symbols 
is directly proportional to the frequency offset value. (27f,) is referred to as the angular frequency 
or angular speed. This property is exploited in the algorithm to be developed next. 
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Figure 11.8 Snapshots of the signal space of fixed valued QPSK symbols with frequency offset at different 
times. Symbol rate and frequency offset value are 50 kHz and 100 Hz, respectively. (a) First 50 received 
symbols. (b) First 100 received symbols. (c) First 250 received symbols. 
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The method shown in this section is said to be feedback-based method, which means the estimate 
in each iteration is fed back to the next one in a controlled manner. It is also called heuristic-based 
and that means it is based on our understanding of the frequency offset effect on received symbols. 
Finally, it will be called decision-assisted, which means, in each iteration, the detected transmitted 
symbol is exploited in the frequency offset estimation. 

The idea behind this method is to simply remove the linearly growing phase from each received 
symbol based on accumulated estimates from previously received symbols. Figure 11.9a shows the 
block diagram for an implementation of this method. Each received symbol is phase-corrected 
based on the current phase error estimate, oY. Then, the phase-corrected symbol, ry is fed to an 
MLE-based detector to detect what symbol was transmitted. The detected symbol, Bs along with 
r, are sent to a phase error tracking unit, which is responsible of providing a phase error estimate 
for the next iteration, ee based on their phase difference. 

The phase error tracking unit is the main part of the shown receiver part, and its parts are shown 
in Figure 11.9b. Its inputs at time instance k are r, and b x» Which are used to find the angle difference 
0, = Zr, — Zb,.. The output is go and it is used to correct the growing phase error in the received 
symbol r, before being used for detection. 

The three main components of the error tracking unit are: phase error detector, loop filter, and 
phase controller. The ultimate goal is to track the time growing phase so it can be removed gradually 
from received symbols over time. Ideally, this can be achieved using an integrator, which accumu- 
lates estimated phase errors over time and provides for each symbol the right phase error value 
to be removed. This integrator is referred to as a phase controller in Figure 11.9b. It has control 
over the decision on the error estimate value at each iteration. This decision is made based on the 
stored phase error estimate from previous iteration, ae and the filtered phase difference Age. 
This value is given as Ag? = go(Ad,) + g,(Ad, + Ad,_) where gy and g, are the loop filter gains. 
Filtering in the loop is critical to ensure stable and working PLL in the presence of noise. 

The PLL response or behavior is controlled by the loop filter. The design of this filter determines 
PLL capabilities of tracking phase errors that can be one of two types of interest. The first one 
is called unit step phase error where the phase changes from one value to another at a given time 
instance and remains fixed for all symbols. This type represents the phase offset 6,. The second one 
is called ramp phase error in which the phase changes linearly as a function of time. This change 
is due to frequency offset f,. 
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Figure 11.9 (a) Block diagram for a feedback-based carrier phase error compensation technique. (b) Block 
diagram for a second-order PLL used to track phase changes due to frequency and phase offsets. 
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As shown in [10], in case of having fixed phase error, to have ¢," locked to 0, in the steady 
state, the loop filter must have a nonzero fixed gain g,. In case of having linearly time-changing 
phase error (i.e. frequency offset), the filter must have an integrator with gain g, in addition to this 
fixed gain filtering. As shown in Figure 11.9b, the loop filter output is the summation of two terms 
coming from those two parts of the filter. The first one is g)(A@,), which is alone a fixed gain filter. 
The second one is g,(A¢, + Ad,_,), which is an integrator. Together, they form a loop filter that, 
with proper gains selection, guarantees A¢, locked to zero in the steady state for both cases of phase 


(e) 
k 


errors. 
PLL gains { Bor Zo gi} are selected based on its desired behavior as follows [10] 


42, 
= ———__., 11.34 
BO 7 POFA, + a2 = 
412 
£2) = (11.35) 


1+ 2A, + A?’ 


where A, = B,T/(¢ + 1/4€). Coefficients B, and ¢ are called noise bandwidth and damping factor, 
respectively. B,, T is the normalized loop noise bandwidth. Noise bandwidth is the bandwidth of an 
ideal rectangular filter that would give the same white noise power for a given noise input as if it 
would pass through the loop filter. The selection of ¢ affects the PLL transition behavior from one 
state to another as shown in Figure 11.10, where the graphs show the scaled derivative of o° with 
respect to k. The acquisition time, which is defined as the time required to lock to a zero-phase 
error, is less for smaller ¢ values. This is shown in the figure for locking to the frequency offset 
value. In addition, the selection of ¢ affects the loop bandwidth, where for larger ¢ values the loop 
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Figure 11.10 Second order PLL response to phase error due to frequency offset 100 Hz. 
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will have more bandwidth. For detailed analysis of PLL applied for frequency offset compensation 
both in digital and analog forms, the reader is referred to [10, 11]. 

The following code snippet shows an implementation of the discussed PLL-based method above. 
Loop gains are selected based on the selection of damping factor ¢ and normalized noise bandwidth 
B,,T, which are selected to be € = 0.5 and B,, T = 0.1. In addition, the phase controller gain is set to 
be g. = 1. Based on those values, g, and g, are calculated as in Eqs. (11.34) and (11.35). Symbols 
are modulated using a QPSK modulator and passed through an AWGN channel with SNR = 25 dB. 
Frequency and phase offsets are introduced with the values: f, = 800 Hz and 0, = 0.16z. Vectors 
definitions are omitted here since the focus is on the working principle of PLL. 


N=800; 
fk = 1le6; 
fe = 800; 


1 
2 

3 

4 

5 M= 4; 
6 

7 

8 th_e = 0.16*pi; 

9 

11 data = randi([0 M-1], N, 1); 

12. symbs = complex(qammod(data, M)); 


15 sgnl_off = exp(j*2*pi*fe/fk*(0:N-1)).'; 
16 symbs_off symbs .* sgnl_off .* exp(j*th_e); 
17. symbs_off awgn(symbs_off, 25, 'measured'); 


21) (BNE = 04413 

22. lmd = BnT/(dm+1/(4*dm)); 

233 gc = 1; 

24 gO = 4*dm*1lmd/ (1+2*dm*1lmd+1md%*2) ; 

28 gl = 4*1lmd*2/(1+2*dm*1lmd+1md%*2) ; 

26 i=1:N 

27 sn(i) = symbs_off(i)*exp(-j*ph(i)); 

28 b(i) = sign(real(sn(i)))+j*sign(imag(sn(i))); 
29 ph_d(i) = angle2(sn(i)) - angle2(b(i)); 
30 f12(i) = gl*ph_d(i) + £12_st(i); 

31 £12_st (itl) = £12(i); 

32 ph_d_f(i) = g0*ph_d(i)+f£12(i); 

33 ph(itl) = kce*ph_d_f(i) + ph(i); 


Figure 11.11 shows the results after running the code snippet above two times for different B,,T 
values, namely: 0.1 and 0.01. It can be seen that higher BT value results in less transition time. 
The capability of second-order PLL to compensate for both phase and frequency offsets is shown in 
Figure 11.11b. In addition to stopping symbols from drifting over time away from a given location, 
the constellation itself is rotated back to the right position. This is shown as a tail of symbols, where, 
before complete phase offset correction, earlier symbols still have phase offsets that gradually go to 
zero as time passes. 

Other phase error detection methods can be used in PLL, and it could be MLE-based as shown 
in [10]. A comprehensive treatment of PLL can be found in several titles like [4, 10-12]. Depending 
on the extent of used digital parts, PLLs are called digital PLL or all digital PLL. Digital PLL with 
different implementations for phase error compensation is presented in [11]. 
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Figure 11.11 Outputs of second-order PLL for 800 QPSK symbols passed through an AWGN channel with 
SNR = 25 GB, f, = 800 Hz, and 6, = 0.16z. Two B,T values of 0.1 and 0.01 are considered in this simulation. 
(a) Ad, over times shows the locking speed of PLL. (b) The constellation diagram of corrected received 
symbols showing capabilities of this PLL to correct both phase and frequency offsets. 


11.3.3 Carrier Phase Offset Compensation 


As it has the same effect over all received symbols, estimation of phase offset, 0,, might be achieved 
as part of the channel estimation. Presented methods in previous section were shown to provide 
joint frequency and phase offset estimation and compensation. Recall that, in Section 11.3.2, the 
maximum likelihood estimate was found for unknown parameters vector y which includes a phase 
9. The built algorithm was based on the assumption of having a known sequence and A and @ are 
unknown but fixed values. 9 represents the phase offset 6,. Based on Eq. (11.20), it was shown that 
the estimate of 0, is given as 0, = 2 (R(@)/N), where R(e) is calculated based on the estimated 
frequency offset value. 

Another method to directly estimate 6, based on the sequence of frequency offset compensated 
symbols is as follows. In Eq. (11.18a), the exponent e7/?*/ok is neglected for low or zero f,, value. 
Therefore, for a given A, the phase offset estimate 6, is found based on the following: 


N-1 
6, = arg max {er znt ; (11.36) 


k=0 


and it is given as 


N-1 
6,=2 (Z) , (11.37) 
k=0 

For PLL-based approaches, in Section 11.3.2, a second order PLL was used to compensate for 
both frequency and phase offsets. However, for signals with only phase offset, first-order PLL is 
enough to lock to a zero-phase error. The implementation of this method is the same as the one 
shown in Figure 11.9 but with g, = 0. In this case, the loop filter is simply a constant gain gy, and 
the resulted PLL is first order, which is the simplest implementation of PLL. 
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Figure 11.12 PLL response for different gain values, gy € {0.01, 0.1}. 


The transition behavior of the first-order PLL is governed by the loop filter response as 
follows [10]: 


go =6,(1- e~8oky (11.38) 


We note that v converges (or locks) to 9, at a rate exponentially related to g). Figure 11.12 
shows the PLL response for different g) values. It shows the value of o over time and how fast 
it locks to 0,. For larger values of gy, the PLL converges faster to the phase offset value, but the 
estimate is more sensitive to noise. g) can be thought of as the rate at which the PLL locks to the 
phase error, and it also gives a weight to the contribution of each estimate to the total phase error 
estimate. Therefore, g, should be selected based on SNR, where for higher SNR values, larger gy 
value is chosen. 

Carrier phase error compensation algorithms might lock to a wrong phase due to the unknown 
constellation rotation. For example, in binary phase shift keying (BPSK), if |0,| > 2/2, then PLL will 
lock to a wrong angle that is 180° shifted. This is called phase ambiguity, and one of the methods to 
solve this problem is using a sequence of known symbols sent among the data symbols, which might 
be the frame preamble. Once the phase error is detected, it is removed from this known sequence of 
symbols and the resulted compensated sequence is compared to a locally generated replica. If they 
match, then the estimated phase is correct, otherwise, the constellation should be rotated back by 
a specific angle that ensures matching between received and locally generated sequences. 


11.4 Time Synchronization 


Timing problems are addressed in this section and they include frame synchronization and opti- 
mum downsampling. Frame synchronization is the problem of finding the frame edge and, in this 
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section, it is achieved by means of the correlation operation. Optimum downsampling is the prob- 
lem of searching for the best sampling point in every symbol duration to detect that transmitted 
symbol. Feedforward and feedback methods are shown for this problem. The received signal is 
assumed to have no frequency offset or to have it but with very low value compared to the symbol 
rate (refer to the introduction in Section 11.3 for more detail on this assumption). 


11.4.1 Frame Synchronization 


One of the very first steps in synchronization is to detect the beginning of the received frame of 
data. The beginning of a frame corresponds to the sudden change in received signal level mov- 
ing from noise to information signal as shown in Figure 11.13. This sudden change is called the 
frame edge and it is detected by energy or preamble detection methods. The energy detection 
approach, as the name implies, is based on the detection of changes in the energy level. The time 
instance at which the energy level exceeds a given threshold is detected as the frame edge. For 
low SNR values, this method might not give accurate estimate since the noise level is higher. In 
the preamble-based approach, the frame preamble sequence is correlated with a locally generated 
replica to detect the frame edge. Since the correlation can be thought of as an averaging operator, 
the preamble-based approach gives better performance compared to that of energy-based approach. 
However, in case of having large frequency offset values, the received preamble might get dis- 
torted so the cross-correlation will not give correct result. This problem can be tackled by using 
the energy detection method or the auto-correlation operator. In the latter case, the frame pream- 
ble is designed to have two identical sequences, which are used in the correlation instead of using a 
locally generated signal. In this section, the preamble detection method based on cross-correlation 
is demonstrated. The sequence of symbols used as a preamble should have good correlation prop- 
erties to have more accurate estimate of the edge. Barker and Zadoffchu sequences are examples of 
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Figure 11.13. A time snapshot showing the beginning of a frame having BPSK symbols filtered by a 
root-raised cosine filter. The frame is divided into two parts, namely preamble and data. 
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sequences used practically in communication systems [13, 14]. In general, if the training sequence 
is repeated, it is required to have good periodic correlation properties. On the other hand, ifitis only 
one sequence in the preamble, it is required to have good aperiodic correlation properties. Another 
type of sequences that is used in this section is called the maximum length sequence (m-sequence), 
which is a pseudo-noise sequence [15]. 

To detect the edge, a locally generated sequence is first filtered by the same filter used to shape the 
transmitted sequence. Then, the cross-correlation between locally generated and received symbols 
is calculated. Correlation results will give a peak value that is used to detect the frame edge. The 
decision on the peak level is made based on a given threshold. If the correlation value at a given lag 
index is above this threshold, then the index at that value is used to detect the frame edge. 

The following code snippet shows a simple implementation of the preamble-based frame syn- 
chronization, and Figure 11.14 shows the results of this implementation. The lag index with max- 
imum correlation value is used to obtain the frame edge estimate. 


randi([0 M-1], Nd, 1); 
symbs = pskmod(data, M); 
msq = mseq(2,6); 


lo sps = 8; 
ll span = 16; 
12 fltr = rcosdesign(0.5, span, sps, 'normal'); 


13 msq_up = upsample(msq, sps); 
14 symbs_up = upsample(symbs, sps); 


le msq_fltr = conv(msq_up, fltr); 
17. symbs_fltr = conv(symbs_up, fltr); 


20 £1 = [msq_fltr; zeros(length(symbs_fltr)-sps*span,1)]; 
2. £2 = [zeros(length(msq_fltr)-sps*span,1); symbs_fltr]; 
22 frame = f£1+f2; 

23 frame = [zeros(Ng,1); frame]; 

24 

25 

2 frm_rc = awgn(frame, 15, 'measured'); 

27 

28 

29 {er, lg] = xcorr(frm_rc, msq_fltr); 

30 plot(lg, abs(cr)); 

31 pt = lg(max(cr) == cr)+sps*span/2+1; 


11.4.2 Symbol Timing Synchronization 


Assuming no frequency offset, which was treated in Section 11.3, the received signal is filtered 
using a filter matched to the overall transmission filter that includes both transmitter shaping filter 
and channel response, and the sampled output is represented by a sequence of samples r(nT,,) 
for n = 1,2,...,N,,. One sampling location has to be chosen within one symbol duration, and this 
location might or might not match the currently available samples. The problem of finding that 
optimum sampling point is to be considered in this section. 

The received symbols after downsampling are given as: 


(kT; t,) = (kT — 1,T) + 2(kT), (11.39) 
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Figure 11.14 Frame edge index detection. (a) The result of correlating the locally generated m-sequence 
with the received frame. (b) Frame edge index detection based on the estimated lag index. 


where z(kT), for k = 1, 2, ...,N, are noise samples that are normally distributed following CV (0, c). 
tT, € [0, 1) is a fractional number representing the downsampling error. Note that it is subscripted 
by the symbols index k and that means it might change from one symbol to another. This is due to 
the imperfection of the sampling clock that can have deviation from its ideal periodicity. 

Based on the model provided above, the problem of optimum downsampling can be defined as 
estimating the variable t, for each received symbol. Two approaches are provided next. The first 
one is a feedforward technique based on MLE, where buffered received symbols are processed all at 
once. In this method, tr, is assumed to be fixed or having negligible variation over time. The second 
approach is based on PLL theory where received symbols are processed in order and the time offset 
for each of them is compensated based on accumulated estimates from previously received symbols. 


11.4.2.1 Feedforward MLE-based Symbol Timing Synchronization 
Similar to derivations of MLE-based carrier offsets estimation approaches in Section 11.3, a simple 
MLE-based optimum downsampling algorithm is shown here. The downsampling error is assumed 
to be constant for all symbols and given by z, = t. In addition, the number of samples per symbol, 
N,, is assumed to be large enough so that z is approximated by one of the samples; ct = nT, for 
n=1,...,N,. 
Given a vector r = [r(0), r(T), ..., (UN — 1)T)] representing the N independent identically dis- 
tributed received symbols, their joint PDF is given as: 


ee ee Ly kT: 2 (11.40) 
fat) = (=) exp “392 LI" 57) — Hu, | > : 


where My, = r*((k — t)T). The t estimate, 7, is the value that maximizes the log-likelihood function 
of f(r; 7) given as: 


7 = argmaxL/(f(r; T)) 


N-1 N-1 N-1 
= argmin { YrkT; ty — Yi 2rkT; TM, + > wat } 
. k=0 k=0 k=0 
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Algorithm 4 Phase-based Coarse Frequency Offset Estimation. 


Input: r,,: received signal samples with length N,,. N,: oversampling ratio. 
Output: 7: symbol timing offset. 
Execution : 
: fori=1toN, do 
r, = downsample(r,,, N,) 
LK(i) = sum((r,|7) 
end for 
: LK_M = max(LK(1),LK(2),..., LK(N,)) 
# =iwhere LK(i) == LK_M 


Ox eae Sek: 


N-1 N,-1 
= arg max { Yi 2rkT; r)(r-((k — t)T))* — >» Ir ((k — one} 
k=0 k=0 
N-1 
se arg max by Ir(kT; 7) |?, (11.41) 
k=0 


where in (a), SNR is assumed to be high enough so that r(kT) = r*((k — t)T). The derivation is 
similar to that in Section 11.3.1. Based on this result, the MLE-based estimation of the optimum 
downsampling sample is shown in Algorithm 4. 

Since the estimate is based on the absolute value of received samples, this method is robust 
against frequency offsets. However, as discussed in Section 11.3, relatively large frequency offset 
has to be compensated first since match filtering will not be matched anymore. 


11.4.2.2 Feedback Heuristic-based Symbol Timing Synchronization 

Similar to the approach shown in Section 11.3.2, a heuristic-based approach is presented here for 
time offset compensation. Figure 11.15 shows the block diagram of the system. The received sig- 
nal is first match-filtered to get the signal r*(nT,,) for all n. Then, the samples r"(nT,,) are fed to 
a downsampling unit that is responsible of selecting the best sample among N, samples, where 
N, is the number of samples per symbol, based on the estimate 7,. In addition, this unit might 
give another samples that are required for time error detection, as shown later. The resulted sym- 
bol r((k — t; + 7;,)T) is sent to an MLE-based detector to detect what symbol was transmitted. Both 
detected symbol b, and r((k — t, + ¢,)T) and, depending on the error detection method, other sam- 
ples are sent to a time error tracking unit to detect the time offset for the next symbol. 


ian F 
Received signal Main r” (nT) eecaaach 
, : ownsampling 
filtering 


r((k a T,)T) 


detector 


Other samples 


Time error tracking unit 


Figure 11.15 Block diagram for a PLL-based symbol timing synchronization technique. 
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Optimum sampling point 


Amplitude 


Figure 11.16 Eye diagram of received signal sampled at different places. Samples shown using solid lines 
are the optimum sampling and those with dashed lines show drifted samples that result in ISI. 


The time error tracking unit has three components: time error detector, loop filter, and down- 
sampling controller. The time error detector gives an error value e(z,) that is function of b, and 
r((k — t +7;,)T) and other samples in its vicinity. The loop filter is used to control the system 
response as discussed in Section 11.3.2 where it has two gains g, and g,, which are adjusted based 
on the system requirements (i.e. damping factor, ¢, and noise bandwidth, B,, requirements). The 
filtered error value e(z,,) is used by a downsampling controller to decide on what sample to use 
as a representation of the current symbol. The operation of those units is detailed again when their 
software implementation is provided, but first the design of time error detector is discussed. 

A method called zero crossing for error detection is shown in this section [10]. As the name 
implies, it is based on the zero-crossing point in the eye diagram as shown in Figure 11.16 for a 
BPSK signal. Ideally, when downsampling with no time error, only one sample is taken per sym- 
bol. Here, the case is different where two samples are considered per one symbol. The first one is 
that used to detect what was transmitted as shown in the figure for r((k — t,)T). The second one 
is a sample in the middle between r((k — 7,)T) and r((k — 1 — 1,)T). Assuming an even number of 
samples per symbol, this sample is r((k — ; —1,)T). Given that r(kT) # r((k — 1)T), if t = 0, then 
r((k — ; — 1,)T) = 0, otherwise, r((k — ; — 1,)T) will have a value that depends on 7, and ampli- 
tudes of r((k — 7,)T) and r((k — 1 — 7,)T). 

Based on above observations, we note that r((k — ; — 1,)T) can be used to detect if the down- 
sampling is optimal or not, where it should be as close as possible to the zero value. However, if 
r((k — t,)T) and r((k — 1 — t,)T) carry equivalent symbols, that means the signal will not cross the 
zero between the times k — 1 — t, and k — t,, and the error function e(z,) should give zero, which 
means there is no information of the error value. This error function is given as follows: 


e(t,) =r ((x 7 ; = t) T) (b,_, — by). (11.42) 


where b, and Bia are the current and previously detected symbols. To understand the response of 
time error detector, we consider the possible cases for e(r,). If b, = b,_,, then e(t,) = 0, which is a 
desired result as mentioned previously. For b,_, < b,, e(z,) is a positive value if x, <0, else it is a 
negative value. The same is true if Bet > by. 

e(t,,) depends on the received signal power and pulse shaping. For example, ifa raised cosine filter 
is used, z, will depend also on the roll-off factor of the filter. The plot of e(z,) mean value versus 
t, is a useful to understand the dependence of e(z,) on 7, under different cases. This function is 
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called the S-curve of the time error detector. It is desirable to have a linear S-curve, so that e(z,) is 
a linear function of 7, given as e(t;,) = g4t, where g, is detector gain. This gain affects loop filter 
gains selection in a same manner as shown in Section 11.3.2, where 


= 40 Ao (11.43) 
8a8o = eyo meee 
412 
8481 = (11.44) 


1+ 2A, + 22’ 
for A, = B,T/2(¢ + 1/4€). 

An implementation of the receiver block in Figure 11.16 is shown in the next code segment. To 
have a fixed delay added to all symbols, instead of variable one using resample( function, a number 
of samples representing the delay might be removed from the sequence of samples or zeros might 
be appended to the beginning. The resolution of z, estimate in this implementation is equal to the 
sample duration T,,. However, practically, digital resamplers are used for interpolation between 
samples. For detailed treatment of this topic, refer to [11]. Vectors definitions are omitted for the 
sake of brevity. 


1 
2 

3 

4 

5 

6 N = 1e3; 

7 data = (2*(randn(N,1)>0)-1); 
8 

9 

lo sps = 8; 


3 fltr = rcosdesign(alpha, span, sps, ‘normal'); 
144 data_up = upsample(data, sps); 
1s sgnl = conv(data_up, fltr); 


18 sgnl = awgn(complex(sgnl), 25, 'measured'); 
19 sgnl_err = resample(sgnl, 1le3, 10+1e3); 


22 sgnl_err = sgnl_err/rms(sgnl_err); 


2 gd = 1; 

2 dm = 0.5; 

26 BnT = 0.1; 

27, 1lmd = BnT/2/(dm+1/(4*dm) ); 

28 «gO = 4*dm*lmd/ (1+2*dm*1lmd+1md*2) /gd; 
29 «gl = 4*1lmd*2/(1+2*dm*1lmd+1md*2) /gd; 


30 k=Ns 

31 

32 s_p = real(sgnl_err(k-sps) ); 
33 s_z = real(sgnl_err(k-sps/2))j; 
34 s_n = real(sgnl_err(k)); 

35 

36 a_p = sign(s_p); 

37 a_n = sign(s_n); 

38 

39 e(i) = gd*s_z*(a_p-a_n)j; 

40 

41 f12(i) = gl*e(i) + £12_st(i); 
42 £12_st (itl) = £12(1i); 

43 e_f(i) = g0*e(i)+f£12(i); 

44 

45 k = k+sps+round(e_f(i)); 


46 iS i+]; 
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Figure 11.17 Time response of the zero-crossing approach shown with BT = 0.1 and ¢ = 0.5. (a) The time 
error e(k). (b) The filtered time error e(k) used to control the downsampling unit. 


Figure 11.17a and b show the values of e(k) and e“(k) as results of the implementation provided 
in the code above. e(k) locks to zero error and e(k) locks to the error value that should be added 
to symbols. The speed at which PLL moves to the steady state is governed mainly by the damping 
factor ¢. 

The provided example above was given for BPSK signal where only the real part is considered. In 
case of using quadrature amplitude modulation (QAM) modulation, where data are received over 
both real and imaginary parts, the error function might be given as: 

1 air) alr) 
ete) = R {rk — 5 — mT) Oe — Be) 
+3 {rk = : = nT) } (G0, 5, (11.45) 


where by and By are real and imaginary parts of the detected symbol by, respectively. However, 
this can result in a different gain g, of the time error detector. Another option for e(z,) is to keep 
using the same one shown for BPSK since the same concept applies. 

The zero-crossing method shown here is said to be decision-aided since detected symbols are 
used in the time error detection. For better system performance, a known sequence of symbols 
might be used. In this case, b,’s in the error function would be known and there is no need for 
detection. The approach in this case is called data-assisted. 

Other time error detection functions are developed in the literature. The most popular and widely 
used ones in practice are Gardner [16] and Mueller and Miiller [17] time error detection functions. 
Gardner method is very similar to zero-crossing method shown above, but it is not decision aided. 
Among those methods, Mueller-Muller method requires the minimum possible number of sam- 
ples for synchronization which is one sample per symbol. For more information on error detection 
functions, the reader is referred to [10]. 


11.5 Conclusion 


In this chapter, the problems of time and carrier synchronizations were addressed separately for 
single-carrier systems with linear modulation schemes. It was shown that the developed compen- 
sation algorithms should be conducted in a given order based on the frequency offset severity. In all 
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cases, if the frequency offset value is relatively large, coarse frequency offset estimation and com- 
pensation must be applied first. On the other hand, it is always preferable to recover symbols first 
by optimally downsampling the received signal, then carrier synchronization is performed. 

For full implementation, either feedforward or feedback approaches might be adopted for both 
time and carrier synchronizations. When working with SDR equipment, the received signal is sam- 
pled and buffered into bursts that are returned to the processing unit, which is computer software, 


and each of these bursts or multiple of them are processed at once. With the increasing power of 


computers, it might be better to process data using the asymptotically optimal approaches for both 
time and frequency, which are based on MLE. 
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Blind signal analysis (BSA) plays an essential role in wireless communication when the receiver 
does not know most or all of the received signal parameters. This lack of information may relate 
to signal characteristics such as carrier frequency, symbol rate, occupied bandwidth (BW). This 
chapter aims to provide an in-depth understanding of BSA with laboratory implementation for 
different applications. Besides, a blind receiver is given as a case study, which would help to under- 
stand different model-based estimation and identification techniques. Furthermore, the use of 
machine learning (ML)-based methods is motivated in cases where the unknown features are too 
many or the relationship between them is too complex for model-based methods. Along this line, 
the chapter also explains ML-based methods with their future directions and challenges. 


12.1 What is Blind Signal Analysis? 


The word “blind” in BSA refers to the concept that there is no knowledge about the received signal. 
However, the standard-based receivers are designed with a basic knowledge of what is transmitted 
at a specific frequency band group. Besides, the receiver knows particular waveform and signaling 
formats that are well defined in the standards. Therefore, in BSA, some of the signal specifications 
and parameters can be assumed to be known. 

BSA is a framework with which future wireless communication systems can achieve learning, 
reasoning, and adaptation. Particularly, it consists of identifying transmitted waveforms and their 
specific features/parameters, analyzing the radio signals in every possible dimension of the multi- 
dimensional electro-space, identifying interference, and other impairments coupled to the received 
signal in any of these domains, and even extracting channel characteristics from the received signal. 


12.2 Applications of Blind Signal Analysis 


BSA has a long and rich history in the context of military communication, where the reception and 
decoding of enemy signals for gathering information is the primary goal. Besides, it is also used for 
commercial applications including cognitive radio (CR) and software defined radio (SDR), public 
safety radio, spectral efficiency improvement for next-generation cellular networks, optimization 
of the operation for various networks in unlicensed bands, testing, and measurement of the com- 
munication devices. 

The usage of BSA varies depending on the applications and its model. For example, identifying 
the signal of interest is a very important concept for CR, which is done through spectrum sensing. 
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On the other hand, identifying who is out there, determining what type of network resources and 
communication devices are available to interact with, is an important aspect for public safety com- 
munication. This section reviews spectrum sensing, parameter estimation and signal identification, 
radio environment map (REM), equalization, modulation identification, and multi-carrier param- 
eter estimation in the context of BSA. However, BSA is the vast domain and the applications given 
below are just a few selected ones aimed at illustrating the concept. Also, most of the techniques 
that have been discussed in this chapter are relevant to some specific waveform and signaling. 


12.2.1 Spectrum Sensing 


Spectrum sensing is a commonly used technique for obtaining awareness about the radio environ- 
ment and spectrum usage. Arguably, the first step in blind signal identification is to determine the 
presence of a signal in the multidimensional electro-space. Several approaches are available for 
spectrum sensing. One of the commonly used technique is based on energy detection (ED). 

The ED-based method, which is also known as radiometry/periodogram, is the most common 
way for sensing the spectrum, due to its low computational and implementation complexity [1]. 
Besides, it is more generic since receivers do not need to have any knowledge about the signal of 
interest. In this method, the output of the energy detector is compared with a specific threshold, 
which depends on the noise floor, to learn the existence of the signal. This method is detailed below. 

Let the received signal, y(n), be denoted by the following simple form: 


y(n) = x(n) + w(n), (12.1) 


where nis the sample index, x(n) is the signal to be detected, and w(n) is the additive white Gaussian 
noise (AWGN) sample. Note that when there is no transmission by the primary user (PU), x(n) = 0. 
The decision metric for the ED-based method can be written as follows: 

N-1 


D= Yio? (12.2) 
n=0 


where N denotes the size of the observation vector. The occupancy decision of a band is acquired 
by comparing the decision metric (D) against a threshold. This can be represented by two following 
hypotheses: 


ene { w(n), H, : there isno PU, (12.3) 


x(n) +w(n), FL, : a PU is present. 


Despite the success of ED-based methods in several applications, it still has some challenges; 
the selection of a threshold for detecting the existence of signal, poor performance under low 
signal-to-noise ratio (SNR) values, inability to differentiate interference from desired signal and 
noise, and sensitivity for security attacks. 

The detection method performance can be measured with the probability of detection (p,) and 
the probability of false alarm (p;). pp refers to the signal detection probability on the considered 
frequency when it is truly present. p, indicates the wrong decision probability of the test when it 
considers that the frequency is occupied but actually it is not. Therefore, detection performance 
highly depends on the threshold value. 

The threshold defined in the ED-based method depends on the noise variance. Therefore, even 
a small noise power estimation error can cause significant performance loss. To overcome this 
problem, the noise level is estimated dynamically by separating signal subspaces and the noise 
using multiple signal classification methods [2]. The noise variance is obtained as the smallest 
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eigenvalue of the incoming signal’s autocorrelation. Furthermore, the threshold is chosen using the 
estimated value for satisfying a constant p,. An iterative algorithm is proposed to find the decision 
threshold in [3]. The threshold is found iteratively to satisfy a given confidence level, i.e. p,. In [4], 
the performance of ED-based sensing is investigated over different fading channels. The probability 
of detection under AWGN and fading (Rayleigh, Nakagami, and Ricean) channels are derived using 
closed-form expressions. Similarly, the average probability for the detection of ED-based sensing 
methods under Rayleigh fading channels is derived in [5]. More specifically, the effect of log-normal 
shadowing is obtained using numerical evaluations and it is observed that the performance of the 
ED-based method degrades considerably under Rayleigh fading. 


12.2.2 Parameter Estimation and Signal Identification 


12.2.2.1 Parameter Estimation 

Once the ED is done in the band of interest, which may indicate the existence of a signal, the 
sampled signal proceeds to the feature extraction unit for the detection of the signal features. Sig- 
nal features might reside in various dimensions of the signal. Therefore, multidimensional feature 
extraction and signal analysis techniques are needed. Some of the parameters, which can be used to 
identify signals, are as below: (Note that these parameters can also be used for other applications.) 


e Time domain features: received signal strength indicator (RSSI), peak-to-average power ratio 
(PAPR), complementary cumulative distribution function (CCDF), duty cycle, frame/burst 
length 

e Frequency domain features: BW, carrier frequency (f.) 

e Cyclostationarity-based features of the signal: spectral correlation, cyclic features 

e Statistical properties: autocorrelation function properties, variance, mean, cumulants, and 

moments (second, third, etc.) 

Sampling related features: chip rates, symbol rates 

Angle of arrival 

Distinguishing between single-carrier or multi-carrier 

Spread spectrum or narrowband 

Hopping sequence 

Multi-carrier parameters of the signal: time domain (cyclic prefix [CP] duration, symbol dura- 

tion) and frequency domain (number of subcarriers, subcarrier spacing) 

e Type of modulation and its order 


The number of the feature set is a design parameter. Some or all of the features can be extracted 
from the multidimensions and can be used for classification. When the dimensionality of the fea- 
ture set is increased, it can provide better results. However, this improvement comes at the cost of 
added complexity. The features to be extracted can be selected by considering the characteristics 
of a potential system. These features can be represented with a vector, which is a point in multi- 
dimensional feature space. Then, this vector can be used for classifying the detected transmission 
into one of the K candidate transmissions using a classifier (like ML, which is explained later). 


12.2.2.2 Signal Identification 

Blind signal identification includes identifying the technology of the received signal (like whether 
the signal fits any known technologies such as worldwide interoperability for microwave access 
[WiMAX], global system for mobile communications [GSM], long-term evolution [LTE], etc.) or 
identifying the type of signaling technique (if the signal is a spread spectrum signal or orthogonal 


357 


358 


12 Blind Signal Analysis 


frequency division multiplexing [OFDM] signal, etc.). The identification of different parameters is 
required at the initial block of the receiver chain so that appropriate receiver blocks can be used 
later on for signal processing if needed. 

Identification should be performed under the effects of different channels and radio impairments 
including, but not limited to, frequency and phase offsets, I/Q imbalance. It cannot be assumed that 
time, frequency, and phase synchronization is being achieved or that the equalization and other 
channel compensations are performed before identifying the blind signal and its type. 

Due to practical and real-time assumptions, blind signal identification is a challenging task. Also, 
with the vast digital communication technologies and concepts like SDR, the possible waveforms 
that can be designed are limitless. Therefore, in many of the studies, the focus is on identification 
from a finite set of wireless technologies. Specifically, these studies assume that a priori standard 
information corresponding to these technologies is available at the receiver. 

In blind signal identification, different features/characteristics are extracted from the received 
signal, and they are used for selecting the most probable PU technology by employing various clas- 
sification methods. In [6], classification is done using the features obtained by ED-based methods. 
These features include the amount of energy detected and its distribution across the spectrum. In 
[7], the reference features used are channel BW and its shape. In [8], the center frequency and 
operation BW of the received signal are extracted using ED-based methods. Furthermore, in [9] for 
detection and signal classification, the cyclic frequencies of the incoming signal are used. These 
features can provide insight into the signal characteristics and the hidden periodicities in both fre- 
quency and time domains. For time-domain cyclostationary features, the cyclic autocorrelation 
function is used while taking the fast Fourier transform, spectral correlation function (SCF) is 
obtained for frequency-domain features. 

Some knowledge of signal features can be obtained by identifying the transmission technology 
of the signal in a standard-based transmission. This identification enables the receiver to extract 
further information about the signal with higher accuracy [8]. For instance, if the technology of 
the transmitter is identified as a bluetooth signal, this information can be used by the receiver for 
extracting some useful information in the space dimension (e.g. the range of bluetooth signal is 
known to be around 10 meters). 


12.2.3 Radio Environment Map 


The concept of REM has grown into a very promising domain especially for fifth generation (5G) 
and beyond wireless communication networks. The concept is used for both military commu- 
nication (e.g. signal intelligence, aircraft detection) and commercial purposes (e.g. measure and 
understand the environment for CR and SDR, channel estimation, signal detection). Unlike the 
statistical techniques, REM does not learn the environment but the effects of the environment on 
the characteristics are learned. 

REM can be used for sensing and learning everything about the environment. The general pro- 
cess of REM is illustrated in Figure 12.1. The direct observations from the radio and the knowl- 
edge derived from network support can contribute to environmental awareness. Learning and 
reasoning help the CR to identify specific radio scenarios, learn from past experience and obser- 
vation, and make decisions accordingly. To implement, populate, and exploit the REM, various 
technologies can be employed. For example, ML, detection and estimation, cross-layer optimiza- 
tion, network-based ontology, and site-specific propagation prediction (more examples are given 
in Figure 12.1). 
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Figure 12.1 General REM process and some of its applications. 


REM and BSA have a symbiotic relationship. The information in the REM, such as user profiles 
and mobility, can be used to aid in BSA applications. Similarly, BSA can also be used to build 
the REM, for example, by blindly detecting features and fingerprints of the received signals, 
enabling user equipment (UE) identification/authentication/activity tracking. These applications 
include channel modeling and estimation, physical layer security, and autonomous vehicle appli- 
cations, which are enlisted in detail. More applications and discussions on REM can be found in 
Chapter 13. 


e REM for channel modeling and estimation: REM can be used for blind channel modeling and esti- 
mation. Particularly, small-scale and large-scale characteristics (Chapter 10) of the channel can 
be learned. Besides, one can say that if the radio has the capability of learning the effects of the 
environment, it will help the radio to identify and compensate these effects. Some of the features 
that can be estimated by REM are as follows: angle of arrival estimation, line-of-sight (LOS) and 
non LOS (NLOS) identification, Doppler estimation, mobility estimation, sparsity-level estima- 
tion, and detection of whether the signal is sparse or not. 

e REM for physical layer security: Due to the broadcast nature of the wireless medium, security is 
a critical issue for wireless networks. Traditional security threats include eavesdropping, spoof- 
ing, and jamming. Especially, authentication of the spoofing and jamming attacks is critical for 
BSA. Most of the authentication techniques depend on the environment characteristics. REM 
can learn any effects of the environment (location, angle, mobility, channel characteristics, etc.). 
Then, this information can be used to differentiate legitimate users, jammers, and spoofers. How- 
ever, the same information can be used by malicious parties as well for security threats (eaves- 
dropping, spoofing, and jamming). 

e REM for autonomous vehicle applications: With the recent innovations in the automotive indus- 
try, considerable research is done on how to enhance communication and sensing between vehi- 
cles and infrastructure. REM is popularly used in this area to provide better knowledge of the 
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radio environment. The blind received signals at the vehicle can be identified and different sens- 
ing parameters such as the velocity of the vehicle and the distance between different vehicles can 
be extracted. Then, this information can be updated in the REM database. 


12.2.4 Equalization 


One of the major problems of wireless communication is inter-symbol interference (ISD. It causes 
distortion and interference in a given transmitted symbol by its neighboring transmitted symbols. 
The main cause of ISI being imposed on the transmitted signal is due to the multipath effect of 
the channel. Linear channel equalizers are commonly used to compensate channel effects. These 
equalizers are linear filters that approximate the inverse of the channel responses. On the other 
hand, the nature of the structure of an equalizer is adaptive because the channel characteristics are 
unknown and the channel is time-varying. 

Standard techniques used for equalization, first, employ a preassigned time slot (periodic for the 
time-varying channel) during which a training signal that is known by the receiver in advance is 
being transmitted. At the receiver, the equalizer coefficients are either changed or adapted using 
some adaptive algorithms (e.g. least mean square, recursive least squares). This would ensure that 
the equalizer output accurately matches the training sequence. However, including these training 
sequences in addition to the transmitted information adds overhead and reduces the throughput 
of the system. Therefore, blind adaptation schemes, which do not require any training, can be pre- 
ferred to reduce the overhead of the system. 

Blind equalization is used to cancel the effects of a channel on the received signal when the 
transmission of a training sequence in a predefined time slot is not possible. With the help of this 
equalization, the instantaneous error can be determined by incorporating the signal properties. 
Then, this error is used for updating the adaptive filter coefficient vector. This process can be seen 
in Figure 12.2. 

For blind channel equalization, a commonly used adaptive algorithm is a constant modulus algo- 
rithm (CMA). The CMA method assumes that input to the channel must be a modulated signal 
with a constant amplitude at every instant in time. If a deviation is observed in the received signal 
amplitude from a constant value, it is assumed that distortion is introduced by the channel. This 
distortion is mainly caused by multipath effects or band limitation. Moreover, CMA can also be 
used for quadrature amplitude modulation (QAM) signals, where the amplitude does not remain 
constant at every instant of the modulated signal. The instantaneous error can be calculated by 
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Figure 12.2 Adaptive filter model for blind equalization. 
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considering the nearest valid amplitude level of the modulated signal as the desired value. To mea- 
sure the deviation of the output signal from the desired amplitude level, different types of error 
equations can be used. 

For a time-varying channel, the performance of an equalizer depends also on the tracking prop- 
erty. This shows the ability of an equalizer to track down the changes in the channel. Using a 
recursive linear predictor at the output of the equalizer can improve the tracking property of a blind 
equalizer. Then, the instantaneous gain of the overall system can be adjusted by the predicted value 
of the amplitude. 


12.2.5 Modulation Identification 


Blind modulation identification is widely used in both military and civilian applications. Similar 
to the blind signal identification, some features are extracted to identify different types of modu- 
lation schemes. The design of a proper algorithm to detect the modulation scheme of any blind 
signal received has two steps. First is the preprocessing of the received signal and second is the 
selection of a proper technique or classifier to detect the modulation. The preprocessing stage may 
include reduction of noise, estimation of symbol rate, carrier frequency estimation, etc., which will 
be detailed in the next section. 

There are generally two types of techniques for modulation identification; likelihood-based 
and feature-based methods. There are three approaches in likelihood-based methods: average 
likelihood-ratio test, hybrid likelihood-ratio test, and generalized likelihood-ratio test. On the 
other hand, the feature-based method uses different features that are extracted or estimated from 
the blind signal. These extracted features are related to modulation and would help distinguish dif- 
ferent modulation schemes from each other. Some features may include instantaneous amplitude, 
frequency, and other statistics of the signal. 

In the feature extraction, it is essential to extract the right features that serve to distinguish the 
signals efficiently in the given test environment. In this chapter, QAM, frequency shift keying (FSK), 
and phase shift keying (PSK) modulation identification is done through extracting the features. 
Along this line, first QAM modulation and then FSK and PSK modulations are identified as follows. 


e QAM modulation identification: PSK and FSK are angle-modulated signals, and the instanta- 
neous amplitude remains relatively constant for them. Therefore, the standard deviation of the 
amplitude sequence, which will either show small or large variations, can be taken into account 
to identify amplitude-modulated or non-amplitude-modulated. The instantaneous amplitude 
sequence is normalized and centered on measuring these variations. Large samples of data are 
tested with zero-mean and unit variance, which are used to develop thresholds for the standard 
deviation of the amplitudes. Accordingly, amplitude-modulated and non-amplitude-modulated 
signals can be separated. This will allow us to separate QAM from PSK and FSK as the first 
modulation classification. 

e FSK and PSK modulation identification: The frequency is the change in phase over time. Since 
the data used is discrete, the difference between consecutive samples is taken as a means for esti- 
mating the derivative with a backward difference. FSK signals have instantaneous frequencies 
that stay within a small specific range and remain concentrated together. Therefore, its stan- 
dard deviation will be relatively smaller than PSK. Accordingly, when the standard deviation of 
a signal is lower than the threshold, it is considered as FSK and anything above is PSK. 


After identifying the modulation types, the next step is to identify the modulation levels. To 
determine the multiple-FSK levels, the instantaneous frequencies of the new frequency offset resis- 
tant FSK data are considered. This is calculated by taking the differences in instantaneous phases 
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between consecutive samples. The standard deviation of this instantaneous frequency dataset is 
calculated for each FSK level, and a consistent pattern of values is obtained. Then, the modulation 
level can be identified according to the standard deviation value since they stay within a constant 
threshold for each different level. Once the modulation type of the signal has been identified as 
QAM or PSK, the appropriate moments and cumulants of the received data are compared against 
threshold values to further classify them into different levels. 


12.2.6 Multi-carrier (OFDM) Parameters Estimation 


Identification of a signal being multi-carrier or single-carrier is needed to further estimate their 
parameters. Multi-carrier, such as OFDM, signals are considered as a composition of a large num- 
ber of independent random signals. Based on the central limit theorem, the sampled OFDM signal 
can be assumed to have a Gaussian distribution. This observation is used in [10] for the classi- 
fication of any blind signal as multi-carrier or single-carrier by applying a normality test to the 
incoming signal. However, due to the time-varying channel, multipath-fading, and interference, 
the single-carrier signals at the receiver have a Gaussian distribution, especially in low SNR values. 
Furthermore, when power control is utilized in time-multiplexed OFDM, the Gaussian approxi- 
mation is not true anymore, which results in a failure of the normality test for classification. 

Once that it is identified whether the signal is a single-carrier or multi-carrier, the next step is to 
estimate its parameters. There are many methods used for finding the OFDM symbols and CP dura- 
tion based on cyclostationarity of OFDM signaling due to CP extension. Distance between the peaks 
at correlation can help in the estimation of OFDM symbol duration (T,) [11]. The time-frequency 
transform of the received blind signal and its entropy can be used to estimate the length of CP. 
Furthermore, using a cyclic correlation-based algorithm, the T, can be estimated [10]. Then, CP 
duration can be estimated by performing a correlation test. Moreover, T, can be estimated from the 
received samples by exploiting the CP. All the expected values should be tested as the receiver is 
assumed to have no prior information on the T,. Discrete correlation of the received blind signal is 
written as: 


a? +02, A=0 
T, a 

R,(A) = TT, 75° PA Rey, (12.4) 
0 otherwise, 


where f, represents frequency offset due to inaccurate frequency synchronization. T, denotes the 
length of CP. o?, and o? correspond to the variance of the noise and signal, respectively. Hence, the 
autocorrelation-based estimation of T, can be constructed as: 


T= arg max |R,(A)|, A > 0. (12.5) 


Once the T, is found, estimation of the CP duration can be done by maximizing the autocorre- 
lation of the received blind signal with a delayed version of itself over several hypotheses of cyclic 
duration intervals. Commonly, the CP length is chosen as a multiple of T,,. The available sizes for 
many systems include 1/32, 1/16, 1/8, and 1/4. Thus, the CP size is limited to the mentioned ratios 
of the estimated T, value from the previous step to reduce the complexity of the system. 

Once the CP size and T, are estimated, the repetition in the CP of OFDM systems can also be used 
to obtain time and frequency synchronization. Synchronization algorithms and methods based on 
the maximum correlation [12], minimum mean-square error (MMSE) [13], and maximum likeli- 
hood estimation (MLE) [14] can be used for this purpose. Furthermore, channel state information 
can also be estimated using the cyclostationarity features of the signal [15]. 


12.3 Case Study: Blind Receiver 


OFDM symbol 


CP 


Synchronization 
metric 


Figure 12.3. CP-based MLE for a single OFDM symbol. 


The MLE method is one of the famous methods. It is shown for a single OFDM symbol in 
Figure 12.3. The synchronization metric obtained by the single OFDM symbol can be written as: 
T,-1 
Mn) = }' y(m- ny*(m=n+ T,), (12.6) 
n=0 
where y(n) is the received signal, T, is the length of CP, and T, is the length of the useful data part. 
Using Eq. (12.6), the timing position can be found as: 


6, = arg max |M(m)|, (12.7) 
m 
and frequency offset estimate is 
f,=+Mé@). (12.8) 
20 


The extraction of the synchronization parameters using the CP with one OFDM symbol is chal- 
lenging in real-time applications since the CP is affected by the time-varying channel. Furthermore, 
the effect of frequency offset decreases the correlation between the repeated parts. Averaging over 
a number of OFDM symbols should be performed to overcome this problem. More details about 
OFDM can be found in Chapter 7. 


12.3 Case Study: Blind Receiver 


Waveform design is a critical aspect of wireless communication (readers are referred to Chapters 
7 and 8 for discussion regarding multi- and single-carrier waveforms, respectively). It defines a 
framework about what to transmit, how to transmit, and where to transmit. Along this line, all 
of the applications in wireless communication systems depend on the type of waveform used. For 
example, if a frequency hopping waveform is used, the spectrum sensing is different than of spread 
spectrum. As another example, the roll-off factor (a) estimation may not be meaningful for OFDM, 
but some other estimation might be more important. Therefore, a priori information can help 
improve the estimation process by identifying which parameters are critical for a given scenario. 
In the blind receivers, there is no or little known information about the transmitted signal. This 
lack of information makes the system more complicated. Thus, layered approaches which divide 
the problem into several layers are preferred in blind receivers. In this section, we discuss and 
implement some of the blind receiver layers including synchronization for single-carrier raised 
cosine pulse-shaped systems, as illustrated in Figure 12.4. Note that these layers are independent of 
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Figure 12.4 |llustration of basic steps in the blind receiver. 


each other, but the output of the one layer is used in the input of the other layer. Also, the parameters 
given in the following are not a complete set and the list can be extended. Moreover, the blind 
receiver block diagrams (layers) might change for another waveform or signaling. Besides, more 
detailed information for synchronization including blind aspects is given in Chapter 11. 


12.3.1 Bandwidth Estimation 


BW signifies the area covered by the signal in the frequency spectrum. Various transmission 
BWs are used for different wireless standards (licensed or unlicensed) depending on the data rate 
requirements. 

The center frequency value of the signal and the estimation of the BW for the occupied band are 
not known in the full blind signal processing. Therefore, the estimation of the occupied BW is the 
first step in the blind receiver. Besides, it is an essential parameter for system design, allowing for 
estimation of the carrier frequency. 

The majority of baseband signal power is contained between the first two nulls of the spectrum 
surrounding the origin. Therefore, null-to-null BW has critical importance. It can either be esti- 
mated by ED-based methods, power spectrum analysis, or cyclostationary methods. These methods 
include single packet and packet pair techniques, which are two of the most popular BW estimation 
techniques. 

In this chapter, null-to-null BW is estimated using a single-packet technique. In this technique, 
the start and end frequency of the null-to-null BW is calculated, and a threshold level is defined. Any 
point that is above the threshold is considered the desired signal, and all the remaining are assumed 
to bea part of the noise floor. The accurate threshold can be determined by first taking an average of 
the signal magnitude, while all the remaining frequencies above the magnitude are rejected. Then, 
the second average of the remaining signal magnitude is calculated, which is assumed to be the 
BW threshold level. 
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Table 12.1 Parameter settings of the transmitted signals. 


Frequency Amplitude Modulation type Filter Symbol rate 1Q mod filter 


915 MHz -10 dBm QAM RRC 24.300 ksps 40 MHz 


12.3.2 Carrier Frequency Estimation 


Carrier frequency estimation is important for the blind signal receiver. Besides, it can also help dif- 
ferentiate between various types of signals depending on their operating frequencies. Knowledge 
of the carrier frequency is especially useful for systems with large BWs such as wireless local area 
network (WLAN). The carrier frequency can be calculated based on the BW of the signal. More 
specifically, the center point of the calculated BW indicates the carrier frequency. If the BW esti- 
mation is not correct due to the noise in the environment, the carrier frequency value will also 
be incorrect, and the frequency offset is caused. In this chapter, the null-to-null BW and carrier 
frequency estimations are simulated with the following MATLAB code for different roll-off factor 
values. Table 12.1 shows the parameters of transmitted signals for these simulations. 

Simulation results (Table 12.2) show that the carrier frequency is estimated correctly for all a 
values. Besides, all of the estimated carrier frequencies are exactly the same. Null-to-null BW (B,,,,,) 
is also estimated correctly and increases with increase in a value. 


1 

2 load blind_rx.mat 

3 span=FreqValidMax-FreqValidMin; 
4 sample_rate=1/XDelta; 

5 

6 [Y,X]=pwelch (symb_rx) ; 

7 a=((X/max(X))*(1/XDelta)); 

8 plot(a,fftshift(10*logl0(Y))); 
9 grid 

lo xlabel('Frequency 

11 ylabel('Power/frequenc ( Hz 


122 psd_freq=((X/max(X))*(1/XDelta)); 
13 psd_pwr=fftshift((Y)); 

14 psd_sgnl=[psd_freq psd_pwr]j; 

15 norm_psd=psd_pwr./max(psd_pwr) ; 
16 temp_thresh=mean(norm_psd) ; 


19 thresh_test=norm_psd<temp_thresh; 
20 temp_sgnl=thresh_test.*norm_psd; 
21 act_thresh=mean(temp_sgnl(temp_sgn1#¢0)); 


23 BW_check=norm_psd>act_thresh; 
24 BW_start=BW_check.*psd_freq; 


26 null_BW_start=min(BW_start (BW_start#0)); 

28 rev_norm_psd=fliplr(norm_psd'); 

29 BW_check2=rev_norm_psd>act_thresh; 

30 rev_BW_stop=BW_check2'.*psd_freq; 

31 rev_null_BW_stop=min (rev_BW_stop(rev_BW_stop¢0)); 


33 null_BW_stop=max (psd_freq) -rev_null_BW_stop; 


35 null_null_BW=null_BW_stop-null_BW_start 


37. £_c=mean(null_BW_start:null_BW_stop) +FreqValidMin 
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Table 12.2 Transmitted and estimated signal parameters for 
null-to-null BW and carrier frequency estimations. 


Transmitted signal Estimated signal 
a Bay KHz f, MHz 
0.01 25 915 
0.35 31 915 
0.99 45 915 


12.3.3 Symbol Rate Estimation 


The symbol rate indicates the number of symbols transmitted in a second. It is one of the most 
important parameters to make an accurate estimation in the blind receiver. This is because the 
other parts in the receiver block are estimated according to the symbol rate. Deciding the symbol 
rate also means deciding the oversampling rate (OSR), this step proceeds with the decision of the 
optimum sampling phase. 

The symbol rate for the same bit rate will vary depending on the modulation type used. Therefore, 
symbol rate information is required in the blind receiver for the radio frequency (RF) signal to 
be demodulated. In the literature, different methods such as inverse Fourier transform, wavelet 
transform, and cyclostationarity are presented for the estimation of the symbol rate. 

In this chapter, cyclostationary features of the transmitted signal are used to estimate the symbol 
rate. By cyclostationarity of a signal, it implies that a signal can be stationary within a cycle and that 
its autocorrelation function fluctuates in time. The symbol rate is estimated from the peaks of the 
spectral correlation density shown in Figure 12.5. In this figure, each peak indicates the value of 
the symbol rate of the transmitted signal. After BW and symbol rate estimation is done, the roll-off 
factor can be estimated. 


12.3.4 Pulse-Shaping and Roll-off Factor Estimation 


Symbols must be converted into the pulse form in order to transmit information over the air. The 
information is shaped with the help of a filter. This filter is the most significant parameter that 
determines the BW of the signal and ISI. 

Information transmitted in the time plane has a response in the frequency plane. For that rea- 
son, the chosen pulse shape should be optimum for both time and frequency (and possibly space) 
dimensions. The type of filters to be used vary depending on the channel state where the signal is 
transmitted and they should be estimated in BSA. 

The estimation of the filter includes the estimation of the roll-off factor that belongs to the filter. 
The roll-off factor will be estimated using BW of the signal and symbol rate information. More 
specifically, if the assumption is made that a Nyquist filter was used during modulation, roll-off 
factor (a) can be estimated using the previously found parameters (null-to-null BW and symbol 
rate) as follows: 


— Brut _ 
a= a 1 (12.9) 


where R, is the symbol rate. 
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Figure 12.5 (a), (c), and (e) are estimated null-to-null BWs and (b), (d), and (f) show the spectral correlation 
density and their peaks indicate the symbol rates, when a = 0.01, 0.35, and 0.99, respectively. 


368 | 12 Blind Signal Analysis 


Table 12.3. Transmitted and estimated signal parameters for symbol 
rate and a estimations. 


Transmitted signal Estimated signal 
a Symbol rate (ksps) a 
0.01 24.330 0.01 
0.35 24.331 0.29 
0.99 24.322 0.86 


The symbol rate and roll-off factor are estimated in the code below. Again, the transmitted signal 
parameters, which are defined in Table 12.1, are used. Table 12.3 shows that symbol rates and a 
values are estimated with small errors. 


1 
2 
3. sgnl_mag=abs (fft (abs (10*1log10(symb_rx.*4)))); 
4 [Y1,X1]=max(sgnl_mag) ; 

5 sgnl_mag_l=sgnl_mag(sgnl_mag#Y1) ; 

6 

7 

8 

9 


plot (sgnl_mag_1) 


adj=1; 

temp_null_null_BW=null_null_Bw; 
10 ceil (temp_null_null_BW) >length(sgnl_mag_1) 
ll temp_null_null_BW=temp_null_null_BW*0.1; 
12 adj=adj*10; 


144 sgnl_mag_2=sgnl_mag_1(1:ceil(temp_null_null_BWw)); 
17 sgnl_mag_rev=fliplr(transpose(sgnl_mag_2)); 
is «6 sgnl_rev_srt=fliplr (sort (sgnl_mag_rev) ); 


20 thresh=mean(sgnl_rev_srt (1:ceil(0.0007*length(sgnl_rev_srt)))); 
21 peak=sgnl_mag_rev>thresh; 


23 m=0; 

24 m<length (peak) 

25 m=m+1; 

26 peak (m) == 

27 rev_sym_rate=m; 


31 symbol_rate=(ceil(temp_null_null_BW) -rev_sym_rate) *adj 


33. alpha=(null_null_BW/symbol_rate)-1 


12.3.5 Optimum Sampling Phase Estimation 


The upsampled signal that has been sent by the transmitter goes through the process of downsam- 
pling at the receiver. The downsampling process is carried out using OSR that is decided along with 
the symbol rate. Downsampling is done by selecting the optimum sample phase to keep ISI at the 
minimum level. 
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The ISI caused by the estimation of the wrong sample phase will be observed in the eye and 
constellation diagrams. If the signal is downsampled at the time of optimum sampling, the location 
of the symbols can be distinguished from each other in the constellation diagram. Otherwise, all 
symbol levels are mixed with each other. We here note that the effects of different pulse-shaping 
and different modulation types also can be examined in an eye diagram. For instance, a higher level 
of eye diagram is obtained when the modulation type is high, while for lower modulation types the 
eye diagram is of low level. 

Clustering methods are used for optimum sampling phase estimation. For example, some pre- 
defined algorithms in MATLAB (e.g. “fem” and “kmeans”) can be used for this purpose. On the 
other hand, an optimum sampling phase can also be estimated using an ED-based method. In this 
method, which is less computationally complex compared to the eye diagram approach, the total 
energy is calculated at each sampling phase. 


12.3.6 Timing Recovery 


In wireless communication systems, the coherent receiver must know the exact symbol timing to 
decode the transmitted data accurately. The main purpose of timing recovery is to recover a clock 


1 
2 bf=0;settle_time=30;O0SR_rate=16;O0SR_time=1/O0SR_rate; 

3 

4 k1=1/64;k2=1/1024;k3=1/32;k4=1/16;k5=1/1024;k6=1/2048;k7=4/pi;k8=-1/1024; 
5 

6 f_c=0;f_s=1/XDelta;beta=0; 

7 ii=4:length(symb_rx)-10 

8 ii>settle_time 

9 beta>OSR_time, bf=bf+1;beta=0;int_rx(ii)=symb_rx(iit+bf); 
10 beta<-OSR_time, bf=bf-1;beta=0;rx_int (ii)=symb_rx(ii+bf); 
11 

12 betaz0 

13 int_rx(ii)=symb_rx(iit+bf) * (OSR_time-beta) /OSR_time+ 
14 symb_rx(ii+l+bf) *beta/OSR_time; 

15 

16 int_rx(ii)=symb_rx(iit+bf-1) *abs (beta) /OSR_time+ 

17 symb_rx(iit+bf) * (OSR_time-abs (beta) ) /OSR_time; 
18 

19 

20 

21 int_rx(ii)=symb_rx(ii); 

22 

23 

24 upper_rx=int_rx(ii) *exp(j*2*pi* (f_c-Symb_rate/2) *ii/f_s); 

25 lower_rx=int_rx (ii) *exp(j*2*pi* (f_c+Symb_rate/2)*ii/f_s); 

26 

27 upper_rx_lpf=k1*upper_rx+ (1-k1) *upper_rx_lpf; 

28 lower_rx_lpf=k1*lower_rx+(1-k1) *lower_rx_lpf; 

29 

30 mod(ii,OSR_rate) == 

31 rn=upper_rx_lpf.*conj(lower_rx_lpf) ; 

32 rn_av=k2*rn+(1-k2) *exp(j*Delta_w) *rn_av; 

33 rn_n=exp (j*k3*sign(imag(rn_av*conj(rn_n_f)))); 

34 rn_n_f=rn_n*rn_n_f* (1-k4* (abs (rn_n*rn_n_f) *2-1)); 

35 temp=rn_n_f*k5+(1-k5) *temp*exp (j*2*Delta_w) ; 

36 Delta_w=k6*imag(rn_n_f*conj (temp) );f=f+k7*Delta_w; 

37 f>limit, V=limit; 

38 f<-limit, V=-limit; 

39 V=f; 

40 

41 beta=beta+k8*V+imag(rn_n_f) /512; indexl=index1+1; 

42 

43 
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at a specific symbol rate(s) from the modulated waveform, which enables the conversion of the 
given signal into a discrete-time sequence. In the beginning, since the receiver does not know the 
optimum sampling time of the signal, the whole signal is sampled and then later corrected sample 
by sample. In the literature, there are several methods that are used for timing recovery estima- 
tion. Two commonly used timing recovery methods are discussed in this chapter and implemented. 
These two methods are band edge timing recovery and Gardner timing recovery methods and their 
estimated results are shown in Figure 12.6. We here note that the quadrature phase shift keying 
(QPSK) modulation type is used for signal generation in these simulations. 

Band edge timing recovery method: In the band edge timing recovery method, similarity of the 
upper and lower edges of the signal is observed. These edges are pushed to a control loop for obtain- 
ing the correction term. Then, this term is calculated for each sample and updated recursively. 

Gardner timing recovery method: Gardner timing recovery method uses three samples for each 
symbol. The correcting term is obtained from three samples, which are a sample and +7 spaced 
samples. First, this term is used for interpolation to generate optimum samples. Then, it is recal- 
culating for each sample recursively. 
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Figure 12.6 Eye diagrams for in-phase and quadrature signals; (a) and (b), before timing recovery; (c) and 
(d), recovered by the Gardner method; (e) and (f) recovered by the band recovery method. 
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1 timin Erecet 1 j e = eS 
2 ind_x=20;mu=0; 

3 ii=ind_x:OSR_rate:length(symb_rx)-10 

4 Interpolatior < 

5 ii>settle_time 

6 mu>1 

7 bf=bf+1;mu=0; 

8 mu<-1 

9 bf=bf-1;mu=0; 

10 

ll downl_rx=symb_rx(iit+tbf); 

12 

13 downl_rx=symb_rx(ii); 

14 

15 electi three amples for I l 
16 down2_rx=symb_rx(iit+bf+round(OSR_rate/2) ); 
17 down3_rx=symb_rx(iit+bf-round(OSR_rate/2)); 
18 in=in+1;rx_int (in)=downl_rx; 

19 e_gardner=real (conj (downl_rx) * (down2_rx-down3_rx) ); >timum ample 
20 tau=gamah*e_gardner; 

21 mu=mu*alpha+ (1-alpha) *tau; 

22 mu_all(in)=mu; 


12.3.7 Frequency Offset and Phase Offset Estimation 


The difference between the local oscillators used at the transmitter and receiver side causes a fre- 
quency offset. The offset will always be in every system since there are no two perfectly identical 
oscillators. Frequency offset causes rotation in the symbol location, and the amount of rotation in 
each constellation point depends on the sample index. Due to this phase rotation, the constellation 
diagram forms a circular shape, which can be observed in Figure 12.7a. 

Estimating the frequency offset value on the receiver side is one of the most challenging areas for 
the blind receiver. It can be done with feedforward and feedback algorithms. The feedforward algo- 
rithms are used to eliminate the higher frequency offsets, while the feedback algorithm removes 
the remaining residual errors. 

The polarity decision stop and go algorithm is also a popular method to estimate the frequency off- 
set. In this method, the polarity detection of the received symbol is performed, and an error signal 
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Figure 12.7 Constellation diagrams for frequency offset estimation and correction. 
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is generated. This error signal is fed into a stop and go block algorithm for estimation. A MATLAB 
code for frequency offset estimation is provided below. In this code, a threshold is set to capture 
the constellation diagrams, from which the frequency offset can be estimated accurately. After esti- 
mating the frequency offset, it is removed from the received signal. The effect of this compensation 
can be observed from Figure 12.7. 

Phase offset is due to the effect of the channel, which causes a shift in the constellation diagram, 
and the entire constellation diagram rotates at the same amount. Commonly used estimation tech- 
niques include decision-directed phase estimation, maximum likelihood phase estimation, S-curve 
tool, etc. These methods work efficiently and give good accuracy when carrier frequency and timing 
have been acquired beforehand. 


1 
2 

3. threshold=max (abs (down_rx) )*.8; len=length (down_rx) ; 

4 z_max=0.7071*.7;z=0; z_avg=0; z_est=0;k=1;track=0;p=0; 

5 index=1:len 

6 down_rx (index) =down_rx (index) *exp (-j*2*pi*index*z_avg*Symbol_rate/FS) ; 
7 abs (down_rx (index) ) >threshold 

8 
9 


d=abs (down_rx (index) )/sqrt (2) * (sign (real (down_rx (index) ))+ 
j*sign (imag (down_rx(index)))); 
10 p=imag (down_rx (index) /d) ; 
1 abs (p)<z_max, z=p; 
12 z<z_max 
13 of fset=z/index; z_avg=z_avg+toffset; 
14 
15 
16 
7 real (down_rx (index) ) <0&&imag (down_rx (index) ) >0 
18 s (index) =down_rx (index) *exp(-j*pi/2); 
19 real (down_rx (index) )<0O && imag (down_rx (index) ) <0 
20 s (index) =down_rx (index) *exp(-j*pi); 
21 real (down_rx(index))>0 && imag(down_rx (index) ) <0 
22 s (index) =down_rx (index) *exp(-j*3*pi/2); 
23 
24 s (index) =down_rx (index) ; 
25 
26 abs (atan2 (imag(s (index) ),real(s(index)))- pi/4)<pi/20 
27 d = abs (down_rx (index) )/sqrt (2) * (sign(real (down_rx (index) ))+ 
28 j*sign (imag (down_rx(index)))); 
29 p=imag (down_rx (index) /d); 
30 abs (p)<z_max, zZ=p; 
31 Z<zZ_max 
32 
33 offset=z/index; z_avg=z_avgtoffset; 
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Model-based methods are successfully applied for BSA, both in civil and military areas. How- 
ever, these methods do not perform well when the models are unavailable, relationships between 
different features of the signal are complex, training information is scarce or the system is com- 
pletely blind (turned into a black box), and it is necessary to form multiple nonlinear relations. 
Considering, the success of ML-based methods, especially in image and signal processing, data aug- 
mentation, and such areas, current literature proposes that ML-based methods can be successfully 


12.4 Machine Learning for Blind Signal Analysis 


Hybrid usage of domain knowledge and ML 


Pre-processing 
Defining the Collection of with 
problem data domain 
knowledge 


(F Time al) 
Freq | Time 
a I = F Testing 


data 


Controlling the 
output with 
Training stage Testing stage domain 
knowledge and 
using it 


| Trained 
model 


| Features | 


Figure 12.8 Block diagram of the general working of an ML model. 


applied to the BSA. In this section, preliminary information for ML is presented and applications 
of the multidisciplinary domain (BSA and ML) including signal and interference identification, 
multi-RF impairments identification, channel modeling and estimation, and spectrum prediction 
are given with their future directions and challenges. 

ML methods are data-dependent, which means they need a large amount of data to learn a spe- 
cific problem. Therefore, after defining the problem, the first and foremost step is the collection of 
data. Once the data is ready, feature selection with domain knowledge is crucial because the model 
accuracy of the ML method is dependent on the suitability of the selected features for a given prob- 
lem. The selected feature needs to be robust to real-time conditions, yet able to provide maximum 
(distinctive) information about the problem at hand. Once the distinct features are selected, a suit- 
able model would be chosen for a specific problem. On the bases of these features and the data 
provided, the machine learns and trains itself for further evaluation and testing of either predic- 
tion or classification. Also, after the prediction, controlling the output with domain knowledge is 
preferable. The ML steps are summarized in Figure 12.8. 

Domain knowledge is very important to fully utilize the ML-based methods. The features that 
are defined in the previous sections can be used with these methods. For instance, in [16], the stan- 
dard deviation of the instantaneous frequency and the maximum duration ofa signal are extracted 
using time-frequency analysis. Then, neural networks (NN) are used for the identification of active 
transmissions using these features. As another example, cyclostationary-based methods that use 
the outputs of SCF and autocorrelation function as salient features for the classifiers can be used 
for signal identification. In [17], these features are utilized for signal classification using NN. 
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The selection of the ML technique depends on what kind of data is used for a specific problem. 
There are three primary ML techniques; supervised learning, unsupervised learning, and reinforce- 
ment learning (RL). These techniques are explained in the following list and deep learning (DL) is 
motivated for more complex problems in the following section. 


e Supervised learning: Supervised learning is a model that has known response (output) to labeled 
data (known input). It trains the model to either use classification algorithms or regression for its 
output. Some common methods used are K-nearest neighbor, support vector machine, NN, lin- 
ear regression, and decision trees. Classification categorizes the data into specific classes, while 
regression is used for the prediction of continuous data. 

e Unsupervised learning: The primary aim of unsupervised learning is to develop an understanding 
and learning of the hidden structure of the unlabeled data. In this learning, the unlabeled data is 
processed using different methods that divide the data into the clusters. The main aim is to find 
different patterns that can help distinguish between the unlabeled data. Common unsupervised 
methods include K-means, Gaussian mixture models, and principal component analysis. 

e Reinforcement learning: RL tries to imitate the human behavior of learning new things from the 
interaction with the environment. The RL setup includes a kind of conversation between an agent 
and the environment. The environment gives a state to the agent in return and the agent takes 
action over that state. Then, the environment gives back a reward to the agent, and so on. The 
loop continues until the environment terminates this process. Therefore, the agent learns based 
on trial and error methods. RL methods include Q-learning, multi-armed bandit learning, deep 
RL, and actor-critic learning. 


12.4.1 Deep Learning 


As the amount of data increases and the problems become more complex, DL methods will be 
preferred instead of ML methods. The most significant difference that distinguishes ML from DL 
is, ML learns in one single hidden layer while DL learns in more than one hidden layer, as illustrated 
in Figure 12.9. In that case, it can allow learning with raw data without doing sophisticated feature 
engineering. Some of the DL architectures used in the literature are as follows; long short-term 
memory (LSTM) networks, convolutional neural networks (CNN), repetitive NN, feedforward deep 
network, deep belief networks, Boltzmann machine, and generative adversarial networks. 
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Figure 12.9 |llustration of a DL architecture. 
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Figure 12.10 When to use model and ML-based methods? 


12.4.2 Applications of Machine Learning 


Model-based methods fail or they do not work efficiently in some of the BSA applications. The 
domain (wireless communication) knowledge and ML can be merged to solve these issues. Even 
ML methods can be used without sophisticated feature engineering in some scenarios. These sce- 
narios are explained in Figure 12.10. Also, some of their specific applications are detailed below. 
Note that they are not a complete list and can be extended. 


12.4.2.1 Signal and Interference Identification 

Blind signal and interference identification have a great significance in radio surveillance, spectrum 
awareness, improving interference management, and electromagnetic environmental assessment. 
Signal processing (model-based methods) and ML methods can be considered two main categories 
of approaches for this problem. While model-based methods were discussed earlier in the chapter, 
this section highlights the ML-based approaches for the signal and interference identification 
problem. 

Most works in the literature assume the presence of AWGN channel and/or prior information 
about the signals. However, practical wireless communication systems are significantly affected by 
multipath fading, path loss, time shift, and frequency selectivity, etc. Due to this complex nature of 
the real-world environment, it is difficult to represent the system by model-based methods. Thanks 
to the aforementioned advantages of the ML, these methods offer promising solutions. 

Figure 12.11 shows an overview of how three different signals can be separated and identified 
using an ML model. The mixing matrix is the combined matrix of all the signals that have been 
superimposed together and sent to a receiver. In the ML models, the features that have been 
selected are either frequency domain, time domain, time-frequency domain, etc., as discussed in 
Chapter 3. 


12.4.2.2 Multi-RF Impairments Identification, Separation, and Classification 
Most of the signal processing in the transceiver is actualized in digital space to reduce the imple- 
mentation cost. However, RF front-end components usually represent a significant part of power 
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Figure 12.12 Multi-RF impairments detection with ML. 


consumption and cost and determine the overall performance of the radio system, as discussed in 
Chapter 5. 

In the literature, there are many methods for detecting single RF impairments using model-based 
approaches. However, studies on the detection of multiple RF impairments are scarce. The pri- 
mary reason for this is the lack of models (or the knowledge) regarding the relationships between 
different impairments, leading to the failure of existing model-based methods. For these complex 
problems, ML-based methods are highly promising. 

Figure 12.12 shows an overview of multi-RF impairments detection using an ML model. In this 
figure, RF impairments, lattice or waveform, channel impairments showed as a black box, then 
domain knowledge is used to measure these various impairments as feature extraction. Finally, 
ML is used to identify impairments. 


12.4.2.3. Channel Modeling and Estimation 
In wireless communication systems, channel modeling is essential. The channel effect can 
be acquired by conventional channel modeling that utilizes various mathematically simplified 
models. However, the correct channel cannot be represented precisely by these models. The reason 
for that is these models tend to have a simplifying (but imperfect) assumptions. Furthermore, 
conventional channel modeling generally requires a lot of time and computational power, which 
means complexity. The new additional requirements that beyond 5G on communication systems 
will bring as mentioned in [18], the complexity will be increased significantly. ML approaches 
developed for big data applications are suited to deal with such complexity. Besides, ML applied to 
wireless communication channel modeling is expected to improve channel modeling quality. 
Channel estimation is as essential as channel modeling in the wireless communication systems. 
It is a mathematical prediction method of the natural propagation for the signal which supports 
the receiver for the approximation of the effected signal. However, massive multiple-input 


12.4 Machine Learning for Blind Signal Analysis 


multiple-output (MIMO), quick handover, higher data rate, and channel modeling in 5G require 
more sophisticated methods than the traditional stochastic and deterministic ones. Along this 
line, researchers are focusing on finding an effective and accurate method with less complexity. 
As it is mentioned before, ML methods can be promising [19] for this complex problem. 


12.4.2.4 Spectrum Occupancy Prediction 

Spectrum prediction is important for capturing the information about the spectral evolution and 
identifying the holes in the spectrum. The channel predictions can be utilized by secondary users 
(SUs) to give the decision of when and where to implement a transmission without affecting PUs. 
It can also be used by SUs to minimize the fluctuation between channels, decrease energy usage, 
and increase the quality of service. 

There are many model-based methods for the spectrum occupancy prediction, as discussed ear- 
lier. However, these methods are not capable of covering non-stationarity, especially in the case 
of 5G and beyond systems where different types of users and high mobility are expected [20]. 
Therefore, the recent approaches for the spectrum prediction include the application of ML-based 
methods. For instance, the non-stationarity problem is covered within the non-stationary hidden 
Markov [21] and DL models [22] as improved frameworks for the spectrum prediction. 

To show the practical usage of the DL-based method, we refer to the experiment in [23]. In 
the experiment, the training and testing datasets are acquired from real-world spectrum measure- 
ments. In Figure 12.13, an image of the measurement setup used is given. The setup includes the 
UHALP 9108 receiving antenna that is connected to the Agilent EXA N9010A spectrum analyzer. 


UHALP 9108 | 
receiving antenna 


. 


Figure 12.13 An illustration of the spectrum measurement setup. 
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Table 12.4 The precision (I), recall (¥), and F,-score spectrum occupancy predictions 
performance of the deep learning. 


832-842 MHz 842-852 MHz 852-862 MHz 
II 0.9192 0.9810 0.9864 
y 0.6726 0.6669 0.6708 
F,-score 0.7768 0.7940 0.7985 


The measurements of received signals are between 832 and 862 MHz, each of these 10 MHz bands 
belong to a different operator in Turkey. LSTM is used as a DL-based classifier. 

The setting of input and output data for LSTM training is made as follows. For the formation 
of a sample, a sliding window, which sweeps time axes, is used. For instance, when the length of 
the sliding window is selected as 7, then each input will have a 1x7 vectors of binary occupan- 
cies. Besides, the output data for this input data is the power spectral density (PSD) value of the 
following time interval. In the testing stage, which represents runtime operation, one uses spec- 
trum measurements for time lags to predict the corresponding spectrum occupancy at the next 
time instant. This is achieved by feeding the binary occupancies as a grid to the DL model, which 
generates binary number occupancies. 

A classifier model’s performance metrics can be assigned as precision (II), recall (¥), and F, -score. 
The precision metric is the percentage of the actual positive values out of the total positive predic- 
tions, the recall is the quantification of true positives out of the total positives, and the F,-score 
is the harmonic average of precision and recall that quantifies the accuracy of a classifier model. 
Table 12.4 shows that the DL-based classifier is able to predict spectrum occupancy with a success 
rate of 79% on average. Comparison between different DL methods including methods that utilize 
multi-dimensional correlations can be found in [24]. 


12.5 Challenges and Potential Study Items 


12.5.1 Challenges 


Although the ML paradigm wants to fulfill BSA requirements, there are still some major problems 
in applying this paradigm practically. A list of these challenges is given below. 


e The ML methods are trained to solve a specific problem and may not show good performance 
when it is used to solve another problem in a similar area. Models generally need to be trained 
again based on the data of the problem. Although this is not a problem for some static networks, 
it is difficult to use such models in real-time applications. 

e ML methods are hungry for data and need to learn from data gradually. It works best if the quality 
of the available data is high. 

e Domain knowledge is essential to fully utilize the dataset for both complexity and performance. 
On the other hand, ML-based techniques should also be known very well. Therefore, experience 
in both disciplines is of significant importance for the use of ML in BSA. 

e The butterfly effect is a phenomenon that considers the sensitivity of the system toward a small 
change in the input which can cause chaos in the output. This phenomenon can be used by 
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attackers deliberately to create a security attack and make the system unstable with changing 
the input in ML methods for wireless communication. 

e Storage problem; because of the fact that ML needs a large amount of data for training the model, 
at times the storage of such big data can be a hurdle at situations where data storage is limited. 

e ML may be vulnerable to malicious modifications and attacks for inputs. These modifications 
can be dangerous because they can lead to wrong outputs. 

e The way of application of ML and DL methods to datasets and the level of privacy that ML and 
DL methods should protect are the subjects to be investigated. 

e The working principle of deep neural networks (DNNs) is like black boxes. It is very difficult to 
know how any DL model manipulates parameters and inputs to draw conclusions. While it is 
impossible to know how the human brain achieves the result, it can be said to be the result of 
embedded neurons in complex interconnected layers. Also, it is impossible to know the complex 
path that the decision-making process moves from one layer to another in DNN. Therefore, it 
may not be appropriate to use DNN in applications where validation is important, as it will be 
very difficult to precisely estimate the layer that has errors. 


12.5.2 Potential Study Items 


Here, the list of potential study items is provided to the readers, which can be helpful for revisit- 
ing the chapter and giving some future directions. Previous chapters help the readers to get bet- 
ter hands-on laboratory equipment, which would help them to generate different signals. In this 
chapter, the generated signals can be used for different blind estimations enlisted below: 


e Blind filter roll-off detection: From a given signal with an root raised cosine (RRC) filter, identify 
the roll-off factor. 

e Blind modulation analysis: Identify the modulation type and order from the received signal. 

e Sparse or not identification and sparsity-level estimation: From a given signal, identify whether 
the signal is sparse or not. If it is sparse, what is the sparsity level? 

e LOS and NLOS identification: From a given signal, identify whether the signal is coming from 
LOS or NLOS environment. 

e Channel estimation: Given datasets that are obtained from noisy channel measurements of the 
channel frequency response of a wireless channel, find the representation of these channels. 
Hint: First, estimate the number of taps. Then, find the channel coefficients. 

e Blind numerology identification: Identify the number of numerology and numerology types of a 
blind received signal. 

e RF fingerprinting: Identify which transmitter module is used from the received signal. 

e Blind signal analysis: Identify how many different types of signals are existed in the time 
domain, frequency domain, time-frequency domain, and angle domain. Then, extract each 
symbol roughly. Finally, analyze the extracted signal. 


12.6 Conclusions 


BSA plays an important role when there is a lack of information about the transmitted signals. 
Along this line, this chapter reviewed the main efforts in BSA with model-based methods. Besides, 
some applications in BSA were given with codes and detailed explanations for laboratory imple- 
mentations. Also, ML-based methods have been shown as a promising framework for BSA. This 
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is especially the case when it is used with model-based approaches. Furthermore, this chapter is 
expected to shed some light on this important area for further exploration by students, researchers, 
and engineers. However, these methods are still in the early stages and face some challenges against 
their effective usage. Last but not least, potential study items were given for future work. 
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Today, there are millions of wireless devices serving various applications and use-cases, from 
mobile phones to remote sensors and machinery. The spectrum is, however, a finite resource. 
In order to use the radio resources more efficiently and meet the demands of all the user equip- 
ments (UEs), several wireless technologies and concepts have been developed by academia and 
industry. Some of these, such as multiple accessing systems, the orthogonal frequency division 
multiplexing (OFDM) waveform used in fourth generation (4G) long term evolution (LTE) and 
the multinumerology OFDM concept adopted in fifth generation (5G) standards are discussed in 
Chapters 7 and 9. Other methods involve intelligent scheduling mechanisms to utilize empty areas 
in the spectrum without interfering with other transmissions. Increasing spectral efficiency is a 
multidimensional optimization problem and the dimensions involved are related to user patterns, 
channel and the environment. For example, knowledge on the mobility of the environment and 
user can optimize modulation orders, handover management and beam tracking, thus improving 
performance for metrics such as data rate and reliability. Additionally, the high number of wireless 
devices available and the inherent relationship between electromagnetic wave propagation and 
the physical environment have made these devices and their network architectures ideal sources 
of information for noncommunication-related applications, such as home monitoring and heart 
beat detection. 

The number and significance of wireless sensing use-cases highlight the importance of a frame- 
work to acquire information on the radio environment. This chapter will introduce such a frame- 
work, go over relevant technologies and provide a case study for environment sensing. But first, for 
clarity, some terms will be briefly defined for the remainder of this chapter: 


e The radio environment refers any radio or network-related parameter that might impact the 
operation of radio and network spectrum. For example, spectrum, radio channel, interference, 
radio user location, individual/group mobility, user context/profile, available networks and 
devices, etc. 

e The physical environment or refers to the physical domain, the objects and users in it, along 
with their states (mobile/stationary). 

e The physical information refers to anything related to the physical signal and the effects act- 
ing on it, such as, power, location, angle, data, mobility, size, signal-to-noise ratio (SNR), radio 
frequency (RF) front-end properties, impairments, and modulation, etc. 


As mentioned before, the radio environment and physical environment are related through the 
propagation characteristics of the electromagnetic waves. To make the distinction more clear, take 
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the example of beam tracking. Here, the beam width, angle of departure, and carrier frequency 
are related to the radio environment. Obstacle presence, object, and user (receiver) mobility are 
related to the physical environment. The actions in the physical environment, such as mobility, 
effect the physical signal by inducing Doppler shift and changing the angle of arrival or beam 
width. 


13.1 Radio Environment Map 


Initially envisioned as a cognitive radio (CR) [1] enabler for wireless regional area networks 
(WRANSs) nodes utilizing the empty TV white spaces in the spectrum as a secondary user, the radio 
environment map (REM) is defined as a multidimensional database containing past, present and 
predicted information on the radio environment [2]. This information includes and is not limited 
to area coverage, network subscribers, policies and usage patterns. The REM database can be 
formed from information provided by network operators, online databases, such as geographical 
and terrain maps, and dedicated or opportunistic sensors. Although the REM database was 
originally considered for WRAN networks, a similar database could be used to enable flexibility 
in cellular networks. A simple REM architecture is shown in Figure 13.1. Here, data input from 
external sources is either sent to the processor, which contains data processing and modeling 
algorithms, to derive higher level information or to the storage unit. The CR interface acts as a 
communication portal between the CR and the REM manager, which is responsible for retrieving 
the requested data. 

The most well-studied area of REM is perhaps the radio frequency map construction. We will 
give this as an example for the working of the REM architecture. There are measurement capable 
devices (MCDs) - devices capable of making measurements on the spectrum power - present in the 
network. These devices can be dedicated and specifically placed in the geographical environment or 
opportunistically used by the REM capable device and randomly scattered. Whichever the case, the 
MCDs measure the received signal strength indicator (RSSI) at different frequencies and relay this 
data to the REM capable device. In the REM architecture, this data are sent to the manager, which 
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Figure 13.1 Conventional REM architecture. 
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forwards it to the processor and storage units. In the processor, specialized interpolation algorithms 
are used to fill the values between the taken measurements, thereby generating a coverage map. 

While REM enabled networks will no doubt be able to improve spectral efficiency, restricting 
REM to a semi-intelligent database and CRs limits its potential. Forming and maintaining the 
database not only requires computational power, which may be significant if the REM has to be 
updated in short periods, but also introduces a spectral burden due to the amount of sensor data 
or information that needs to be collected by the REM enabled node. Ergo, the capabilities of REM 
enabled methods are also limited. Because of these reasons, more efficient data collection methods 
are required. In this regard, along with the current data sources, methods to extract information 
from the received signals are being developed in an effort to reduce the amount of data or infor- 
mation that has to be transmitted. Furthermore, the increase in number of devices, performance 
demands, and enabling technologies in 5G, sixth generation (6G), and beyond networks show a 
growing trend toward more flexible networks, which can only be possible through REM-like frame- 
works. 


13.2 Generalized Radio Environment Monitoring 


REM in the literature focuses on methods to store, process and utilize transmitted information, 
such as RSSI at a sensor node location, data from device sensors (e.g. camera), device or the net- 
work to enable some amount of cognition in the network. However, with the limitation of the 
REM scope to CR, the other information inherent in the signal structure or acquired by the signal 
during propagation is neglected and discarded. This is an unfortunate waste of valuable, readily 
available information, which then may need to be measured and transmitted separately. Exploiting 
this discarded information to the maximum extent to gain information and insight on the radio 
and physical environment can be vital to the future of cellular and wireless communication, not 
only to improve wireless capabilities, such as spectral efficiency, reliability, etc., but also for other 
noncommunication-related applications, such as mobility detection. While these applications are 
not directly related to wireless communication, the information extracted to enable them can be 
crucial in enabling old as well as novel cellular and wireless technologies. However, extracting this 
“high-level” information is not as straightforward as obtaining the conventional REM measure- 
ments — RSSI, for example. In this regard, the conventional REM framework can be generalized to 
satisfy the requirements of various devices and applications. 

As stated, the effects of the propagation environment, RF front-ends in transmitter (Tx) and 
receiver (Rx), along with the mobility of the Tx and/or Rx on the transmitted signal can be used 
to extract, model or map the radio and physical environment. The effects of RF front-end impair- 
ments, wireless channel, interference, modulations, waveforms and spectrum accessing techniques 
on the received signal have been thoroughly explained and simulated in the previous chapters of 
this book. The effects of the environment on the electromagnetic wave propagation, such as mobil- 
ity and objects in it, have also been explained in Chapter 10 and are reflected in the channel as 
frequency shift, multipath and gains. Consequently, it is accurate to say that the received signal, 
and by extension the physical layer (PHY) and medium access control (MAC) layer, are a large 
source of information on wireless devices, the radio environment and the physical environment. 
Taking this into account, a generalized definition for Radio Environment Sensing/Monitoring 
can be stated as a framework consisting of methods and protocols to extract data and high-level 
information from communication transmissions, sensing transmissions, external sensors, network 
entities and any other available entities in order to have the required awareness of the radio and 
physical environment. A depiction of the G-REM framework is shown in Figure 13.2. 
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Figure 13.2 Generalized radio environment monitoring (G-REM) framework. 


City maps 


The G-REM framework consists of nine elements — the nodes participating in the monitoring pro- 
cess, sensing modes, sensing methods, mapping methods, the three external information sources, 
the observable data and the derivable information. Observable data and derivable information are 
the outputs of the framework and are requested by dependent applications. These applications will 
be discussed in Section 13.8. It is worth noting that the list of items for the elements in Figure 13.2 
is not exhaustive and only contains the better known items. 

Before discussing the G-REM elements in depth, a quick overview of how the G-REM framework 
operates will be beneficial. For reference, the G-REM process is given in Figure 13.3. The radio 
environment monitoring process is initiated by a data or information request from an application 
or device. More specifically, it is initiated by the absence of the requested information in the G-REM 
capable device. One important thing to note is that this is only for scenarios and devices where 
power efficiency is important and computational capabilities are limited. In more capable devices 
with no power constraints, the sensing process can continue indefinitely without the need for a 
request from an application. 

In this context, rather than a semi-intelligent architecture, the generalized REM is now a 
stand-alone device capable of monitoring and learning the radio and physical environments, in 
order to support communication, as well as many other applications and use-cases. 
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Figure 13.3. A simplistic schematic on the possible operation of the G-REM framework. 


13.2.1 Radio Environment Monitoring with the G-REM Framework 


Use-cases or scenarios determine the performance metrics used, which affects the number and val- 
ues of the sensing parameters. These application-specific parameters are used as inputs to initiate 
the sensing process. Possible parameters are: 


e Period (T,,): the duration of the sensing process 
e Frequency (f,): the rate of taking measurements 
e Threshold (Th): the threshold below which measurements are neglected 


The parameters and performance metrics also help determine the sensing method as well as the 
mapping method, if one is required. Accordingly, one of the five sensing modes are chosen and the 
sensed data or derived information is sent to the requesting application. Once the sensing period 
is finished, the instance is terminated. The sensing instance can have feedback or no feedback. 


e Sensing Instance with Feedback: This is used in conventional radio environment mapping. Here, 
nodes in the network measure aspects of the signals transmitted by the G-REM capable node and 
transmit their measurements as a feedback. 

e Sensing Instance without Feedback: In this scenario, the G-REM capable device takes measure- 
ments from the signals transmitted by the other nodes. 
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13.3 Node Types 


In the G-REM framework, nodes are taken as devices with wireless capabilities. They do not neces- 
sarily have to be an element of a network, such as router or base station, and can be a user as well. 
Depending on the capabilities of a node and its function in the environment monitoring process, 
they can be classified under three headings: 


e G-REM Capable Nodes: These nodes are able to initiate a sensing instance and have the hardware 
and computational power required to perform the sensing and mapping methods. 

e Sensing/Responding Nodes: These nodes respond to the sensing instance initiated by the GTREM 
capable nodes by either sending sensing transmissions or taking measurements from the sensing 
transmissions sent by the G-REM capable nodes and transmitting these measurements to the 
G-REM capable node. 

e Communicating Nodes: These nodes are communicating in the network and do not actively par- 
ticipate in the sensing instance. However, their transmissions may be utilized for sensing. 


While these labels are not fixed for any node, a node cannot have more than one label in a specific 
sensing instance. 


13.4 Sensing Modes 


Different applications, sensing and mapping methods have different sensing requirements. Based 
on these requirements, the sensing instance can have the following modes: 


e Instantaneous: This mode can be applied when there is already prior information and only ver- 
ification or a check for changes is required. For example, if there is already some information 
about an object in the environment, a single transmission radio detection and ranging (radar) 
can be used to check whether or not the object is still present/stationary. 

e Opportunistic: This mode utilizes the communication transmissions sent and received by the 
G-REM capable node for environment sensing without incurring any additional overhead to the 
spectrum. 

e Passive: In this mode, the G-REM capable node simply utilizes the communication or sensing 
transmissions transmitted by and to other devices. 

e Periodic: In this mode, sensing transmissions are sent with a specific frequency parameter contin- 
uously for the duration of the sensing instance. Here, of course, there is some spectral overhead 
depending on the frequency parameter. 

e Threshold Based: This is generally a specific case of the periodic mode where the sensed data or 
information is only conveyed to the application if it passes a threshold. The threshold generally 
reflects the amount of change in the sensed measurement and therefore the amount of change 
in the environment. 


The different sensing modes come with their own advantages and drawbacks regarding spectrum 
usage and accuracy or relevancy of the acquired data. The instantaneous, opportunistic and pas- 
sive modes introduce minimal or no extra traffic to the spectrum, but the quality and frequency 
resolution of the data acquired is limited by the transmissions in the environment. Additional 
complexity is also present if prior information about the transmissions, such as waveforms and 
transmitting time, is not present. The periodic mode, on the other hand, can result in high quality 
information, but adds traffic and needs to be scheduled properly in order to prevent interference 
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to the communication transmissions. This can be difficult in areas or times when the communica- 
tion traffic is already high. The threshold-based sensing mode has the additional task of setting a 
suitable threshold. 

Choosing the appropriate sensing mode and parameters may seem straightforward, and probably 
will be so if the communication transmissions are minimal to none, or are predetermined. How- 
ever, in most real-world scenarios, communication transmissions are random. Additionally, the 
first and foremost task or wireless networks to this day has been communication. Therefore, any 
additional or extra transmissions must not deteriorate communication performance. Therefore, 
there is a trade-off between communication performance and sensing performance. This is fur- 
ther complicated in scenarios where the communication is aided by sensing, and therefore, the 
communication performance is dependent on the sensing performance. 


13.5 Observable Data, Derivable Information and Other Sources 


Now, what exactly is the information a base station or G-REM capable device can glean from the 
received signals? Or from the other sources shown in Figure 13.2? The transmitted signal is gen- 
erated in the PHY and MAC layer of the open systems interconnection reference (OSI) model and 
passed through the channel before being received by the receiver. Therefore, the answer to the first 
question largely depends on what is added to the signal in each of these stages and the capabilities of 
the sensing and mapping methods used. There is a distinct difference between observable data and 
derivable information. Observable data are those acquired with minimal processing and are a direct 
reflection of the effective channel characteristics. Derivable information or high-level information 
is extracted from the observable data using one or more various data processing, machine learning 
and mapping algorithms as well as theoretical, empirical or statistical models. Specific examples of 
derivable information could be hand gestures and user patterns. Some generic examples for observ- 
able data and derivable information is given in Figure 13.2. 

As for the second question, an exhaustive list for information from network entities can be known 
from referring to standardization documents and the network operators. However, there is no fixed 
list of data for the other sources. Information from device sensors is specific to the G-REM capable 
device’s capabilities. Perhaps the most widely used wireless device, the mobile phone, nowadays is 
equipped with cameras, accelerometers, gyroscopes, pressure and fingerprint sensors. From these, 
data such as images, relative velocity, acceleration, and orientation can be obtained. However, 
utilizing these sensors continuously significantly affects the power efficiency; therefore, this infor- 
mation may not be available at all times. The last information source, online databases, refers to 
the enormous amount of free or cheap information databases available through the Internet. This 
information is accessible by all devices connected to the Internet, at the cost of (spectral) overhead 
and can provide information on the physical environment, models, communication-related trends 
and patterns, etc. 


13.6 Sensing Methods 


Other than Quantum Sensing and extracting information from the data and control signals meth- 
ods, sensing methods using electromagnetic waves are dependent on the placement of the Txs and 
Rxs. These placements are called the sensing configurations. Before going into detail about the 
sensing methods themselves, these configurations will be explained. 
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Figure 13.5 Illustration of the different modes of radio environment sensing. (a) Bistatic configuration. (b) 
Multistatic configuration. 


13.6.1 Sensing Configurations 


Depending on the number and placement of transmitter and receiver antennas, wireless systems 
can be classified as monostatic, bistatic, or multistatic. Monostatic systems have a single antenna 
or two colocated antennas, bistatic systems have two antennas separated by some distance and 
multistatic systems have multiple antennas, which may be monostatic or bistatic, for transmit- 
ting and receiving signals. The basic operation of these configurations are depicted in Figures 13.4 
and 13.5. 

Monostatic systems require a circulator or duplexer to isolate the received signal from the trans- 
mitted signal. This is because of the great power difference in the different signals, which can be 
on the order of 10!” and can cause the transmitted signal to eclipse the received signal. Com- 
pared to the other configurations, monostatic systems are more compact but more complex and 
costly. 

For bistatic and multistatic systems, time synchronization between the transmitter and receiver 
is required and can be achieved through a wireless or wired synchronization link, shown in 
Figure 13.5a and b, or a reference oscillator. 
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13.6.2 Processing Data and Control Signal 


For wireless communication systems, at the receiver the received signal is demodulated and the 
channel effects are removed to get the transmitted information. Several valuable parameters are 
calculated as a by-product of this process, some will be explained under this heading. In addition to 
this, the transmitted information itself can also give insight to UE requirements and patterns using 
data analysis and machine learning algorithms. The control signal contains information which 
enables the synchronization of the Tx and Rx, not only in time and frequency, but also in other 
domains, such as modulation. It may also contain some specifically requested information, such 
as global navigation satellite system (GNSS) signals or location of Tx/Rx. The exhaustive list of the 
data in the control signal, as defined in the standards for 5G — new radio (NR) can be found in [3] 
and will not be listed here. 


13.6.2.1 Channel State Information (CSI) 

Channel state information (CSI) describes how a signal propagates from transmitter to receiver. 
All the impairments that impact a transmitted signal are embedded in CSI. These impairments 
are caused due to environmental effects such as shadowing, multipath, scattering, etc. However, 
the environmental effects that act as an impairment for communication are a source of informa- 
tion with respect to sensing. Therefore, information that is embedded in CSI can be exploited for 
sensing. 

CSI based sensing is being used in various macro and micro level activity recognition such as fall 
detection, presence detection, indoor positioning, gesture recognition, gait recognition and daily 
activity recognition. In the 802.11 protocols, two important techniques are being used: OFDM and 
multiple-input multiple-output (MIMO). In OFDM, the signal is sent via various orthogonal sub- 
carriers at different carrier frequencies hence, the CSI is measured at the subcarrier level. Moreover, 
with the incorporation of the MIMO technique, spatial diversity is exploited and the signal is sent 
via multiple antennas. This results in enhanced multiplexing gain, array gain and diversity gain. 
The received signal is characterized by the following equation: 


Vic = AX + Whe (13.1) 


where k represents subcarrier index, w is the noise vector, x, € R‘ and y, € R%r™! are trans- 
mitted and received signals respectively. N; is the number of transmitter antennas and N, is the 
number of receiver antennas. H, € CN«*Nr*1 represents the CSI matrix of the subcarrier k 
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where hen is the CSI of the kth subcarrier between mth and nth receiver and transmitter antennas 
respectively. Each element h,”" in the CSI matrix H is a complex value and is defined as 


hen =| he" | e?, (13.3) 


where, | h,”" | is the amplitude and ¢ is the phase of the kth subcarrier between mth receiver 
antenna and nth transmitter antenna. 

The code below calculates the CSI of transmitted OFDM symbols. Calculation of CSI is actu- 
ally the measurement of channel response. After calculating the channel response via minimum 
mean-square error (MMSE) and least squares (LS) methods, the absolute value of the estimated 
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channel response is derived to demonstrate CSI. The Figure 13.6 shows how CSI varies with the 
subcarrier index. This variation over longer periods can be used to detect desired actions, as done 
in wireless fidelity (Wi-Fi) sensing. 


1 clear all; close all; 

2 Nfft=32; Ng=Nfft/8; Nofdm=Nfft+Ng; Nsym=100; 

3 Nps=4; 

4 Np=Nfft/Nps; 

5 Nd=Nff£t-Np; 

6 Nbps=2; M=2*Nbps; 

7 SNRs = [0:10:40]; 

8 i=1:length(SNRs) 

9 SNR = SNRs(i); 

10 rand(' d',1); randn('se 

1 MSE = zeros(1,6); 

12 nsym=1:Nsym 

13 Xp = 2*(randn(1,Np)>0)-1; 

14 bits=randi(1,Nfft-Np,M); 

15 mod_msg = gqammod(bits,M, 'UnitAverage ver', true); 

16 ip = 0; pilot_loc = []; 

17 k=1:Nff£t 

18 mod (k,Nps) == 

19 X(k) = Xp(floor(k/Nps)+1); pilot_loc = [pilot_loc k]; 
20 ip = iptl; 

21 X(k) = mod_msg(k-ip); 

22 

23 

24 sgnl = ifft(X,Nfft); 

25 sgnl_cp = [sgnl(Nfft-Ng+1:Nfft) sgnl]; 

26 chnl = [(randn+j*randn) (randn+j*randn)/2]; 

27 chnl = fft(chnl,Nfft); 

28 chnl_length = length(chnl); I 

29 chnl_power_dB = 10*log10(abs(chnl.*conj(chnl))); 

30 y_chnl = conv(sgnl_cp, chnl); 

31 yt = awgn(y_chn1,SNR, 'measured'); 

32 y = yt (Ng+1:Nofdm) ; 

33 Y = fft(y); 

34 m=1:3 

35 m== 

36 chnl_est = LS_CE(Y,Xp,pilot_loc,Nfft,Nps, 'lir ame ed 
37 method='LS-linear'; t 
38 m== 

39 chnl_est = LS_CE(Y,Xp,pilot_loc,Nfft,Nps, 'spline'); 
40 method='LS-spline'; 

41 

42 chnl_est = MMSE_CE(Y,Xp,pilot_loc,Nfft,Nps,chnl, SNR) ; 
4B method='MMSE'; i 1 

44 

45 chnl_est_power_dB = 10*1log10(abs(chnl_est.*conj(chnl_est))); 
46 chnl_est = ifft(chnl_est); 

47 chnl_DFT = chnl_est(1l:chnl_length) ; 

48 chnl_DFT = fft(chnl_DFT,Nfft); 

49 chnl_DFT_power_dB = 10*1lo0g10 (abs (chn1_DFT.*conj(chnl_DFT) )); 
50 MSE(m) = MSE(m) + (chnl-chnl_est) *(chnl-chnl_est) '; 
51 MSE(m+3) = MSE(m+3) + (chnl-chnl_DFT)*(chnl-chnl_DFT)'; 
52 

53 Y_eq = Y./chnl_est; 

54 ip = 0; 

55 k=1:Nff£t 

56 mod(k,Nps)==1, ip=ip+l; 

57 Data_extracted(k-ip)=Y_eq(k); 

58 

59 

60 msg_detected=gamdemod (mod_msg,M) ; 

61 

62 MSEs(i,:) = MSE/(Nfft*Nsym) ; 

63 

64 figure 

6 plot(abs(chnl_est)); xlabel('Number of Subcé 

66 title('Amplitude Plot of Channel State Inf 
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Figure 13.6 Amplitude of channel state information. 


13.6.2.2 Channel Impulse Response (CIR) 

RSSI-based sensing is limited by its inability to incorporate multipath effects. To completely char- 
acterize all the individual paths adopted by the transmitted signal, the wireless channel is modeled 
as temporal linear filter which is also termed as Channel Impulse Response (CIR). By assuming 
that the channel is time-invariant, channel impulse response (CIR) can be equated as 


L 
h(t) = YayeW5(2 — 7%), (13.4) 
l=1 


where a,, 6, and 7, are the amplitude, phase and time delay of the [th path. L is the total number of 
multipath. 6(z) is the Dirac delta function. Each impulse represents a multipath component with 
its own amplitude and phase. 


13.6.2.3. Channel Frequency Response (CFR) 
CFR is the frequency domain of CIR. CFR characterizes the effect of frequency selective fading 
which occurs due to constructive and destructive phases. It consists of amplitude-frequency 
response and phase frequency response. 

CIR and CFR demonstrate small-scale multipath effects and are used for channel measurements. 
The channel response provides fine-grained frequency resolution and high time resolution to 
resolve different multipath components at the cost of slight hardware complexity. 


13.6.3 Blind Signal Analysis 


Blind signal analysis (BSA) is an emerging area where signal detection and analysis is aimed to 
be performed with limited or no information. Specifically, the Rx has no knowledge of the trans- 
mitted signal, but may have some predefined information on the communication parameters, like 
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possible waveforms used, frame design, and operational radio resources. The predefined informa- 
tion is global and may be present in wireless standardization documents. Using this information 
and model and learning-based algorithms, BSA can be performed and various measurements and 
information can be collected about the signal, such as SNR, waveform, etc. As such, BSA can be 
especially useful in passive sensing instances, where prior information about the received signals 
are not known. A detailed explanation of BSA, along with a case study and various applications 
can be found in Chapter 11. 


13.6.4 Radio Detection and Ranging 


Radar technology was developed during the second world war to detect and intercept enemy air- 
craft. The underlying concept of radar is to transmit a pulse or continuous signal and measure the 
time elapsed between transmission and receiving the echoes. Radar sensing can give the follow- 
ing information: range, relative velocity, angle-of-arrival (AoA), time delay and Doppler frequency 
(through which the range and relative velocity are calculated). Radar configurations can be mono, 
bi or multistatic. Depending on the configuration, the range and velocity formulas need to be 
derived. The relations given in this section are for monostatic radar configurations. An important 
design parameter for radar systems is the resolution of the sensed information. Ideally, higher res- 
olutions are desired in order to get measurements with less error. This section will briefly go over 
the basic concepts of radar, the relationships of radar design parameters and the quality of the 
observable information, and provide a simulation to visualize these relations. For more in-depth 
information, please refer to [4, 5]. 

The radar range equation given in Eq. (13.5) defines relationships between important design 
criteria for radar performance, the maximum transmit power, desired range and minimum receiver 
output SNR SNR,, and through that, the minimum detectable received signal power. 


“, P. signal A" Aca 
° (422 KgT BNP iossR* 
Here, Peigngi iS the transmitted power, G is the directional gain of the antenna, / is the wavelength, 
Agca is the effective cross-section of the object observed by the radar (radar cross-section area), kp 
is the Boltzmann’s constant, T, is the real-world antenna temperature, B is the bandwidth of the 
transmitted signal, N; is the Rx noise figure, P,,,, contains the real-world radar losses and R is the 
desired range. 
Range is the distance of the target from the radar. This is calculated using the speed equation and 
the time taken for the pulse to travel to the object and back to the receiver - or the time elapsed 
from transmitting the pulse and receiving its echo. The formula for range is given below 


R= ot (13.6) 
2 
where At is the elapsed time and c is the speed of light. 
Radar range resolution is the ability to detect and separate reflecting signals coming from targets 
or objects in close proximity to each other. The down-range resolution AR is the distance in meters 
to which the received signals from objects at same angles but different distances from the radar 


receiver can be resolved. Its expression is given below 


SNR (13.5) 


c 
AR=—. 13.7 
or (13.7) 


The cross-range resolution ACR is the distance in meters to which the received signals 
from objects at the same distance but different angles to the radar receiver can be resolved. 
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The cross-range resolution is proportional to the object range and the antenna beamwidth at 3 dB 
03 4p, aS Shown below 


ACR = 6345. (13.8) 


Doppler Shift, the shifting of the signal frequency due to object mobility, is used to calculate the 
velocity of the object. Its effects can be seen on the power spectrum as shifting in frequency (Chapter 
10). The relation between the Doppler shift and object velocity is given as below, where f, is the 
carrier frequency and v, is the relative velocity 


2v, oo 
ea 13.9 
fp = P= (13.9) 
The velocity resolution is given by the formula 
A= ——— (13.10) 


c 
Wgusle! sascep , 
where N.,,,, is the number of transmitted chirps (or pulses, depending on the radar system) and 
T sweep 1S the duration of a chirp/pulse. 

Radar systems can be classified based on the utilized waveforms - pulses or continuous signals. 
A pulsed radar transmits and receives short bursts of high-power pulses. Figure 13.7 shows the 
pulse waveform and Figure 13.8 is a simplified schematic of a monostatic pulsed waveform radar 
system and its components. The transmitter generates the pulse-modulated signal which consists of 
a train of repetitive pulses. The Duplexer is a transmit-receive switch. It connects the antenna to the 
transmitter section during the transmission of pulses, and therefore, it protects the receiver from 
damaging with high-power transmitted pulses. In the receiving time, it forwards the echo signals to 
the receiver. The receiver is designed to separate the desired signal from noise and other inferences 
and amplifies the filtered signal in order to be displayed. The synchronizer controls and provides 
the timing information for the operation of whole radar system. The range can be calculated using 
Eq. (13.6). Doppler frequency can be extracted from the range rate, as given in Eq. (13.11), provided 
the range rate is not varying significantly over the time interval At. 


R=AR/At (13.11) 


Unlike pulse radars, continuous wave (CW) radars generate a continuous signal and can also 
estimate the velocity of a mobile object using the Doppler effect and Doppler frequency - relative 
velocity relationship given in Eq. (13.9). Through Doppler shift estimation, CW radars can detect 
mobile, small objects in a large sensing area by filtering reflections from large, stationary objects 
(stronger reflections), leaving the weaker, shifted reflection signals. The main advantages of CW 
radars are that they are simpler systems, as the signals are not pulsed, and since the transmission 
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Figure 13.7 Pulse transmission. 
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Figure 13.8 Block diagram of pulsed radar. 


is continuous, more power reflects from the object, giving higher SNR than for pulsed radar sys- 
tems. CW radar systems also can measure micro-Doppler shifts, giving very accurate target velocity 
results. Police/traffic radars, proximity sensors and missile detection systems are some application 
areas of CW radars. 

Figure 13.9 shows a simplified block diagram of CW waveform radar system. The CW Generator 
transmits a wave at known carrier frequency, f.. The reflection with Doppler shift f, is received at 
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Figure 13.9 A simple block diagram of an CW waveform radar system. 
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the receiver and a mixer is used to remove the carrier frequency, leaving only the frequency from 
the stable local oscillator and fp. This signal is then passed through narrow-band filters (NBFs) in 
order to separate it into different frequency components, which are then used to find the Doppler 
frequency using the relation f, = NAf/2, where N is the size of the FFT used to implement the NBF 
and Af is the NBF bandwidth. The velocity can then be calculated using Eq. (13.9). It is obvious 
that to have a more accurate result, the NBFs should be as narrow as possible. 

Frequency modulated continuous wave (FMCW) is the most common CW waveform and has 
periodically changing frequency. This allows synchronization to one cycle through estimating the 
phase or frequency offset, which is then used to get the time elapsed and calculate the object range. 
FMCW radars have good range resolution which is dependent on the transmitted wavelength and 
bandwidth, and can measure range and velocity simultaneously without extra steps. There are 
a few different frequency modulation techniques [4]. The most common radar waveform, linear 
frequency modulation (LFM) modulates the signal with linearly increasing and/or decreasing fre- 
quency with time. LFM can also be called chirp modulation, as LFM is a type of chirp signal where 
the chirpyness - the variation of frequency with time — is constant. 

Among the different types of LFM radar chirp waveforms, Saw-tooth Frequency Modulated Wave- 
form is the most common and is usually what is understood by the term “chirp.” Figure 13.10 
shows the transmitted and received signal for the saw-tooth frequency modulated chirp waveform, 
depicting the beat frequency f,,,,,, the chirp duration T,, chirp bandwidth B and the delay At. 

Initially, consider a stationary target and neglect the effects of the channel. The received reflected 
signal is the same as the transmitted signal, except with a delay At. The delay is the time elapsed 
between transmitting the signal and receiving the reflection. At a given time ft, there will be a dif- 
ference in frequency called the beat frequency, fioa =Sreceived —Stransmitted: Lue beat frequency is 
proportional to the time delay and rate of change of frequency for the waveform and is used to 
find the range. When the target is mobile, there will be a Doppler shift along with the delay, which 
is added to the beat frequency. 

For this example, the transmitted signal can be stated as 

joxt2B 


x(t)=A(He ™ , (13.12) 


where ¢ is the time instant and A(t) is the pulse envelope, which is rectangular in this case - 


1 ifO0<t<T, 
A= 4. wae 13.13 
® {6 otherwise ( ) 
Transmitted signal ~ == Reflected signal with delay 


Frequency/Hz 


Time/s 


Figure 13.10 Saw-tooth frequency modulated wave. 
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Given that frog: = a using Eq. (13.6), the range of the object can be found as 


= CT pfeat 


R 
2B 


(13.14) 


Matlab code for generating a chirp signal with three chirps, its time plot and spectrogram is given 
below. 


+ Chirp Parameters 
sweep_bandwidth = 320e6; 
fsmpl = 320e6; am 
N = 512; 31 
Tchirp = N/fsmpl; 
num_of_chirps = 3; 


For § ram5 


windowlength = 50; 
noverlap = 49; 
nfft = 512; 


« Chirp generation 

t = 1/fsmpl:1/fsmpl:Tchirp; % time inst es 
chrp = exp(li*pi*(t.*2*sweep_bandwidth/ (Tchirp) )); 
chrp_tx = repmat(chrp, 1, num_of_chirps); 


spectrogram(chrp_tx,windowlength,noverlap, nfft,fsmpl, 'yaxis'); 


«6 To view the real part of the chirp in time: 
fsmpl = 320¢e6*2; 
Tchirp = N/fsmpl; 


t = 1/fsmpl:1/fsmpl:Tchirp; 
chrp = exp(li*pi*(t.*2*sweep_bandwidth/Tchirp) ); single c 
chrp_tx = repmat(chrp, 1, num_of_chirps) ; ’ cont. 


plot (real (chrp_tx) ) 

xlabel('Samples') 

ylabel('Amplitude') 

title('Saw-tooth Frequency Modulated Chirps') 


Note that while the sampling rate satisfies the Nyquist criteria for complex signals, since the time 


plot shows only the real part of the signal, the sampling rate is doubled. This is only done for visual 
purposes, so that the frequency modulation with time can be clearly observed. The resulting plots 
are given in Figures 13.11 and 13.12a. The increase in frequency can be observed by the way the 
sinusoidal signal becomes compressed in time for the duration of one chirp. 


mplitude 


Figure 13.11 Time plot of three chirp saw-tooth 
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13.6 Sensing Methods 


Considering a simple monostatic radar system, like the one given in Figure 13.4, the follow- 
ing effects need to be simulated - noise, delay and Doppler (mobility of the objects). Let there 
be one object in the environment, with range R and constant velocity v,, respectively. The simu- 
lation parameters are taken as follows: f. = 30 GHz, B = 320 MHz, R = 100 m, SNR = 10 dB, and 
v, = 50 m/s. 

Rayleigh channel model can be used for this simulation. From the SNR equation below 


P... 
SNR = 10log,,—”, (13.15) 


noise 
the power for the AWGN noise is calculated as 


Prnirp 
Poise = 1QSNR/10 ’ (13.16) 


Using Eq. (13.6), the delays At is found as 


Ss A100 
c 3 


= 6.6667e ’s = 0.6 ps. (13.17) 


Similarly, using Eq. (13.9), the Doppler frequencies f, can be found as 600 Hz. Then, the received 
signal becomes 


Mt) = Hx(t) + w(t), (13.18) 


where w is the time varying noise an H is the channel matrix and contains the channel effects. 
The Matlab code implementation to add these effects is given below and the spectrogram of the 
received signal is shown in Figure 13.12b. A delay of 0.6 ps can be seen in the figure, along with the 
noise, while the frequency shift is not distinguishable, when compared to the transmitted signal in 
Figure 13.12a. 


50; 
100; 


lov 
2. Re 

3 Fe = 30e9; 

4 c= physconst('lightspeed'); 
5 SNR = 10 
6 

7 

8 

9 


chnl_gain = sqrt(1/2)*(randn+1li*randn) ; 


10 f_Doppler = v*Fc/c; 
11 doppler_shift = exp(1i*2*pi*f_Doppler/Tchirp) ; 


13. delay = 2*R/c; 


144 discrete_delay = round(delay*fsmpl) ; 


17 chnl = [zeros(discrete_delay, length(chrp_tx)); 
13 4eye(length(chrp_tx) -discrete_delay, length(chrp_tx) )*chnl_gain*doppler_shift]; 


21 noise_P = mean(abs(chrp_tx) .*2)/10*(SNR/10); 
22 noise = sqrt (noise_P/2).*(randn(length(chrp_tx),1) + 
2 1i*randn(length(chrp_tx),1)); 


2 chrp_rx = chnl*chrp_tx' + noise; 


27. spectrogram(chrp_rx',windowlength,noverlap,nfft,fsmpl,'yaxis'); 
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Figure 13.12 Spectrograms of the transmitted FMCW shirp signal and received FMCW chirp signal with 
channel effects. (a) Transmitted FMCW chirp. (b) Received FMCW chirp. 


A Matlab implementation for a radar system with two targets with ranges R, = 100 m, R, = 


450 m and velocities v, = —400 m/s, v, = 1000 m/s is given below. 


dechrp = exp(-1li*pi*(t.*2*sweep_bandwidth/(T_chirp) )); 
dechrps = repmat(dechrp, 1, num_of_chirps); For dechirping 
total_t = 1/fsmpl:1/fsmpl:Tchirp*num_of_chirps; % Time instances 


ae 


% calculate channel gains (rayleigh) 
% Create channel matrix 

chnl=sparse(numel (total_t),numel(total_t)); 
wo for 1= 1:2 


1 
2 
3 
4 
5 % calculate delay and frequency offset to make the channel 
6 
7 
8 
9 


u chTime(i,:) = chnl_gain(i) *exp(1i*2*pi*f_Doppler (i) *total_t); 

12 chTime(i,1:discrete_delay(i)) = 0; 

13 chnl = chnl+sparse(1l:numel(chTime(i,:)), [ones(1, 

14 discrete_delay(i)),1:numel(chTime(i,:))-discrete_delay(i)], 
15 chTime(i,:),numel(chTime(i,:)),numel(chTime(i,:))); 

16 ena 


1g = % Create noise 
19 % Multiply chirps with channel and add noise 


2. fbeat = chrp_rx.*dechrps.'; % Mix signals to get beat frequency 
22 ~spectrogram(fbeat,windowlength,noverlap,nfft,fsmpl, 'yaxis'); 
23 £f_beats = reshape(fbeat',N,num_of_chirps); % Reshape to separate chirps 


2 f_beats_fft abs (fft(f_beats,N)); % Take Nfft and normalize 
2 f_beats_fft = f_beats_fft./max(f_beats_fft); 

27 plot(t.*c/2, f_beats_fft); 

28 title('Range Plot") 

29 xlabel('Range (m)'); 

30 ylabel('Amplitude'); 


32 % 2D FFT using the FFT size for both dimensions 
33 f_beats_2fft = fftshift(fft2(f_beats,N,num_of_chirps),2)j; 


35 range_velocity_map = abs(f_beats_2fft); 
36 range_velocity_map 10*1log10 (range_velocity_map) ; 


{I 


38 doppler_axis = [-(c/Fc)/(T_chirp*2):(c/Fc)/ 

39 (num_of_chirps*T_chirp) : (c/Fc) / (T_chirp*2) - 
40 (c/Fc) / (num_of_chirps*T_chirp) ]; 

41 range_axis = t*c/2; 


43 figure 

44 surf (doppler_axis,range_axis, flipud(range_velocity_map), 
45 "EdgeColor', "none") ; 

46 view([90.0 90.0]) 

47 colorbar () 

48 title('Range-Velocity Map') 

49 ylabel('Distance (m)') 

50 xlabel('Relative Velocity (m/s)") 
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Figure 13.13 The beat frequencies corresponding to the two targets. 


In order to increase the velocity resolution, the number or chirps is increased. As mentioned 
before and shown in Figure 13.9, to remove the carrier frequency, the received signal is mixed 
with the transmitted signal to give the beat signal, a process called dechirping. This corresponds 
to multiplication of the chirp signal with its Hermitian transpose. The beat frequencies for the two 
targets are shown in Figure 13.13. 

Next, the fast Fourier transform (FFT) is applied on the beat signal and the output is mapped to 
distance. The resulting range plot has two peaks at the target ranges defined in the simulation, as 
shown in Figure 13.14. 

Additionally, the 2D FFT can be applied to get the range-velocity map. Once again, this is mapped 
to the range and velocity using the sampling times and the resolution relationships in Eqs. (13.7) 
and (13.10), respectively. The outputs plotted on a surface plot is shown in Figure 13.15. As can 
be seen, there are two peaks at the ranges and velocities of the targets. Thresholding and other 
techniques can be used to detect these peaks. 


13.6.4.1 Radar Test-bed 

A radar system can be tested via software defined radios (SDRs) like universal software radio periph- 
eral (USRP) devices. However, SDRs have certain limitations - they cannot coherently process 
the phase information of MIMO systems because it is complicated for them to synchronize the 
time and phase information of various radios. Therefore, a multiport network analyzer along with 
Simulink is deployed for MIMO radar systems. Aforementioned network analyzer is designed to 
measure the coherent phase scattering S parameters between its ports and hence it is suitable to be 
used as RF front-end for the MIMO radar systems. The network analyzer can transmit and receive 
stepped-frequency continuous wave signals with the required sweep bandwidth. A Simulink model 
is used to store the obtained S-parameters into an array to perform inverse fast Fourier transform 
(IFFT) operation to extract the range and angle information from the targets. The above mentioned 
set-up is expected to provide a range resolution of 33 cm and angle resolution of 19°. 
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Figure 13.14 The range plot. 
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Figure 13.15 Range-velocity plot. 


13.6.5 Joint Radar and Communication 


Due to the increased hardware and computational capabilities of wireless communication device 
antennas, 5G and beyond communication systems also have radar functionality. Knowledge of 
mobile objects in the environment can improve the robustness of beam alignment and tracking 
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techniques, aid in dynamic numerology assignment and, in general, support cognitive radio func- 
tionalities. As such, studies on developing radar enabled communication systems or joint radar 
and communication (JRC) systems, have gained momentum. This section discusses the different 
topologies for JRC systems and builds on the basic radar information, explaining how it can be used 
for JRC, and provides an OFDM-based example. 

JRC can be deployed in four different topologies depending on the type of waveforms being used. 
These are Coexistence, Co-Design, RadComm and CommRad. RadComm and CommRad systems 
are a special case of Co-Design. 


13.6.5.1 Coexistence 
In coexistence approach, communication and radar systems operate independently as separate enti- 
ties [6]. Both systems jointly access the same spectral resources; hence this approach is also termed 
as spectral coexistence. The key focus in this topology is the interference management. Interference 
can be reduced via sensing the state of the channel and then adjusting the Tx and Rx parameters 
accordingly. Consequently, the performance of individual systems is enhanced. The goal for com- 
munication system is to transmit information at high data rate with minimal error for a particular 
bandwidth, while the performance of a radar system is measured on the basis of its ability to detect 
a target. The most common performance metrics for the communication systems are bit-error-rate 
(BER), signal-to-interference-plus-noise ratio (SINR), mutual information (MI) and channel capac- 
ity. The target detection capability of the radar is measured by the probability of correct detection, 
missed-detection, and false alarm. 

Figure 13.16 is the illustration of spectral coexistence, where radar and communication terminals 
are independently utilizing the same radio resources. 
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Figure 13.16 Spectral coexistence. 


13.6.5.2 Co-Design 
The codesign topology is actualized in three different ways based on how Tx and Rx are shared 
between the radar and communication systems. 
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Figure 13.17 Joint multiple access topology. 
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Figure 13.18 A DFRC system. 


1. The communication and radar systems share a common receiver. This is actually a joint 
multiple-access channel, in which radar operates in the monostatic mode and both the systems 
transmit separate waveforms that are kept orthogonal using different degrees of freedom (DoF) 
such as frequency, time or code [7]. Figure 13.17 provides the illustration of this topology. 

2. The monostatic radar also serves as a communication transmitter. Therefore, a single JRC wave- 
form is transmitted in this Tx-shared codesign method. This form of codesign in which there is 
a common waveform for both radar and communication systems is referred as dual function 
radar communication (DFRC) systems. Proper waveform design that is suitable for both com- 
munications and radar systems is the fundamental concern in this topology. Figure 13.18 shows 
Tx-shared codesign topology. 


13.6 Sensing Methods 


Tx 


Figure 13.19 An example of shared Tx and Rx for communication and radar systems in vehicle-to-vehicle 
(V2V) networks. 


3. 


Both Tx and Rx are shared between communication and radar systems. This design is also 
termed as bistatic broadcast codesign. An example of this design is vehicle-to-vehicle communi- 
cation, where a JRC waveform is transmitted by the Tx vehicle. The waveform bounces off from 
different targets and is received by the Rx vehicle which is shown in Figure 13.19. 


Recent research in JRC revolves around DFRC systems and the development of one emission 


for sensing the environment and sending data. A single waveform that is optimized for the use 
of communication and radar sensing is termed as a hybrid waveform or DFRC waveform. Hybrid 
waveforms are further divided into two types - radar centric (RadComm) and communication cen- 
tric (CommRad). 


13.6.5.3  RadComm 
In radar-centric or RadComm approach, radar waveforms are used to send the data. The main goal 
in this approach is to improve data rate for communication purpose. 


1. 


There are two techniques to achieve dual functional RadComm waveform. 


Information Embedded Waveform Diversity: The traditional technique is to embed infor- 
mation into the radar chirp signal. In this method, the information can be transmitted toward a 
specific direction by emitting one waveform, from a group of specified waveforms during each 
radar pulse. Although this method is simple in terms of implementation, it degrades the visibil- 
ity of target due to range sidelobe modulation (RSM), which occurs as a consequence of varying 
waveform during coherent processing interval (CPI). Moreover, numerous intra-pulse modula- 
tion schemes such as binary phase shift keying (BPSK) and minimum shift keying (MSK) are 
introduced to transmit data symbols for frequency modulated radar waveforms. 


. Symbol Construction through Transmit Beamforming: The deployment of phased 


array radars in the operation field is under the limelight due to their advantages like digital 
beamforming at the receiver and flexible antenna beam pattern. Through proper manipu- 
lation of parameters of each antenna in the phased array radar system, information can be 
transmitted toward the desired direction. Various modulation schemes such as amplitude 
modulation (AM), phase shift keying (PSK), quadrature amplitude modulation (QAM) can be 
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applied to phased array radars. However, these modulation schemes allow to transmit only 
one symbol per radar pulse. MIMO radars can be used to increase the amount of transmitted 
information. 


13.6.5.4 CommRad 

In communication-centric or CommRad approach, communication waveforms, such as OFDM, 
are exploited to perform sensing functionalities. Most of the efforts in CommRad systems are con- 
centrated around achieving reliable radar/sensing performance. 

The frequency diversity feature of the multicarrier OFDM waveform equip it to encounter criti- 
cal wireless channel impairments such as multipath effect and interference. Moreover, frequency 
diversity can also be exploited to achieve reliable sensing capability, as in radar communication a 
specific target behaves different for different frequencies. Therefore, OFDM allows to observe the 
target response over the ambiguity function. 

The Matlab implementation for a simple OFDM based radar system is given below. 


N = 256 ; 
CP_size = 1/4; 

used_subcarriers_ind = 35:1: N-35; 

symb = 2* (randn (1,N) > 0)-1; 

jo ifft_sgnl = zeros (1,N); 

11 ifft_sgnl(used_subcarriers_ind)= symb (used_subcarriers_ind); 
12 «sgnl = ifft(ifft_sgnl); 

13 sgnl_cp = [sgnl( -N*CP_sizetl: Jwsguli)s 

406clf; subplot (3,1,1) 

15 plot (10*1log10(abs(sgnl_cp).*2)) 

leo title ('Transmitted Signal') 
17. xlabel(' i i 
1g = ylabel('P 


21 delay_tx_rx = 10; 

22 sgni_delay = [zeros(1, delay_tx_rx) sgnl_cp]; 

23 sgnl_attenuated = 1 .* sgnil_delay; 

24 noise_amplitude 0.01; 

25 noise = noise_amplitude * randn(1,length(sgnl_attenuated) ); 
20 sgnl_rx = sgnl_attenuated + noise; 
27. subplot (3,1,2 

28 plot (10*log10(abs(sgnl_rx) .*2)) 

29 title ('Rece d nal') 

30 xlabel('s x ar 
31 ylabel('P 


35 [Rxy, lags] = xcorr(sgnl_rx,sgnl_cp); 
36 Rxy = Rxy/max(Rxy) ; 

37°. subplot. (31,3) 
38 plot (lags, Rxy) 
39 title ('C Co 
40 xlabel('san 


Transmit—Receive') 


no-secs] ') 


In the above mentioned code, a simple OFDM signal is transmitted over the air interface or 
channel. In practical scenarios, a wireless channel contains numerous obstacles such as buildings, 
mountains, trees, etc. For simplicity, in this code example a single obstacle is modeled. 

These obstacle are a source of interference/signal degradation for the communication signals, 
but from the radar sensing perspective, obtaining information about the environment is critical. 
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Figure 13.20 OFDM based radar system. 


Therefore, to extract information about the range of the target, correlation processing is used at the 
receiver. 

The peak of the cross-correlation plot in Figure 13.20 shows the presence of a target. The peak is 
present at 10 nano-seconds. Now, range of the target can be calculated from the formula 
cAt _3*10°+*10* 10° 

2 2 

The small peaks in the cross-correlation plot are due to the presence of the cyclic prefix in OFDM 

signal. 


R= =1.5m. (13.19) 
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The data collected in the G-REM framework can be further processed to obtain more information. 
This is generally done by finding a relationship or function which relates changes in the observ- 
able data to high-level information or awareness. Therefore, the methods used in this process are 
referred to as mapping methods. The mapping methods mentioned in Figure 13.2 may not be spe- 
cific to wireless communication, or signal processing, for that matter. In this section, these methods 
will only be explained briefly and two mapping case studies will be reviewed. Note that the methods 
here are not a complete list and may not apply to all sensing scenarios. 


13.7.1 Signal Processing Algorithms 


Signal processing algorithms do not map the extracted information to physical actions directly, but 
they are necessary to prepare the data for the mapping methods. There are many signal processing 
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techniques, with entire books dedicated to this topic. Therefore, this chapter will explain three cat- 
egorizations — noise reduction, signal transform, and signal extraction — rather than giving specific 
techniques and derivations. 

The sensed information can contain noise due to hardware impairments, software limitations, 
and/or inconsistencies due to unexpected phenomena, hardware failures, or erroneous informa- 
tion. Hardware and software impairments could be sampling clock errors or nonlinearity due to 
power amplifiers (PAs). Such impairments cause phase offsets, which may be debilitating for a 
highly sensitive CSI-based sensing application. Inconsistencies in measurements result in outlying 
values that are not within the expected range. Examples could include spoofers feeding deliber- 
ately wrong information or unexpected interference. These erroneous measurements reduce the 
accuracy of the mapping method by either preventing the extraction and detection of the required 
pattern for an application or causing wrong patterns to be learnt. As a result, phase offset and out- 
lier removing algorithms, such as averaging or thresholding, are used to reduce, if not remove, the 
noise. 

For CSI based sensing, time-frequency domain analysis is required. In these scenarios, FFT, short 
time Fourier transform (STFT), discrete wavelet transform (DWT), etc., transforms can be used. 
Additionally, the received may require additional processing to extract the required signals from 
initial measurements. For example, radars can use filters to remove reflections from stationary 
objects or the environment. This additional processing can be in the form of filtering or threshold- 
ing, signal compression and signal composition. Signal compression can be used to reduce the size 
of the measurements by removing redundant measurements or reducing the resolution of the data 
to a tolerable extent. This increases the computational efficiency and can greatly reduce data size. 
Some radar and Wi-Fi sensing applications require the data or signals from multiple devices, like 
in the bistatic or multistatic sensing configurations explained in Section 13.6. In these cases, the 
measurements, for example CSI, from multiple sources need to be coherently combined. Interpo- 
lation techniques may also be required to fill missing gaps. This is done using signal composition 
techniques. 


13.7.2 Interpolation Techniques 


Because it is often unrealistic, if not impossible, to collect measurements from every location or 
time/scenario, interpolation algorithms are often used to estimate or predict the missing values 
from the measurements that can be collected. For applications related to the environment and 
coverage, spatial interpolation algorithms can be used. Here, two popularly used spatial interpola- 
tion algorithms are explained briefly. 


13.7.2.1 Inverse Distance Weighted Interpolation 

The inverse distance weighting (IDW) interpolation algorithm relies on the concept of spatial 
auto-correlation. In other words, it assumes that the values at unknown points are more similar 
to measured values at closer points than those further away. This interpolation technique can be 
mathematically formulated as 


= (3) 
(3) 


where Gis the estimated value for a desired location, a; are the measured values, d; are their respec- 
tive distances to the desired location and y represents the impact of d; on the estimated value. 


(13.20) 


2 
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13.7.2.2 Kriging’s Interpolation 
The advantage of Kriging’s interpolation method over others is that it is a geostatistics 
method - meaning that it extracts the spatial patterns of the environment and uses these 
patterns to find the weights for the interpolation. This results in spatially dependent estimated 
values, which is suitable for estimating the signal strength at different locations, as electromagnetic 
propagation phenomena are also affected by the physical environment. 

In order to use the Ordinary Kriging (OK) interpolation technique, the measured data must be 
stationary, normally distributed, and not have spatial trends.! The OK estimator can be written as 


a=w'A, (13.21) 


where w’ is the vector of weights for A, the vector containing the measurements. 
The basic steps for OK interpolation is as follows: 


1. Compute the experimental semivariogram y,(a, b): 
This is a measure of the spatial auto-correlation of two measured/known values, a and b, and 
can be calculated as 

2 
7¥-(a, b) = en Va,beA,aF#b, (13.22) 

where A is the set of measurements. The semivariogram cloud plot can be utilized to visualize 
this information by plotting the resulting values against their separation. 

2. Fit a semivariogram model y,, on the experimental semivariogram: 
A model can be fitted on the experimental semivariogram cloud plot to extract a spatial pattern. 
For this step, initially generic models, e.g. linear, exponential, spherical, periodic, etc., are used 
to find the one which best fits the data. Then, if necessary, certain parameters can be optimized 
to give a better fit. These parameters are as follows: 
e nugget: the difference between the 0 semivariance and the model’s interception with the y-axis 
e partial sill: the difference between the nugget and the semivariance value at which the model 

curve levels off 

e range: the distance at which the model curve levels off 
For example, the exponential semivariogram has the form 


0, if |d| =0 
Ym = a+(o?-a)(1-e™), ifd>0’ ee) 


where d is the lags or distances between the positions of the measured values, a is the nugget, r 
is the range and o? is the sill. 

3. Find the weights w using the Kriging semivariance equations: 
The weights for the measured values can be found using a system of linear equations, known as 
Kriging semivariance equations, given as 


in ~ Fae | : \=r2| (13.24) 


where / is the Lagrange multiplier, Fr is the semivariance matrix of the measured positions, I, is 
the vector of semivariances between the measured positions and desired position The derivation 
of these equations can be found in [8]. 

4. Apply the OK estimator in Eq. (13.21) to get the estimated value at the desired position. 


1 There are data processing techniques and variations of Kriging’s interpolation technique which can be used if the 
data does not satisfy these conditions, but these will not be explained here. 
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13.7.3 Model-Based Techniques 


Model-based mapping methods aim to mathematically define the changes in the measured val- 
ues due to a desired action or phenomena. These methods can be theoretical and rely on physical 
theories, like Fresnel zone model, or statistical and be formed through the statistical analysis of 
numerous amounts of data. Widely used model-based techniques include thresholding, cluster- 
ing and peak/trough detection algorithms. For example, the Fresnel zone model can be used to 
form thresholds for RSSI based motion recognition applications [9]. The drawback of model-based 
techniques is that they cannot always represent the environment or desired phenomenon accu- 
rately, either due to unknown contributions or the increase in complexity. This, in turn, limits the 
accuracy and feasibility of the sensing, allowing the extraction of only coarse-grained information. 
Additionally, model-based techniques require accurate measurements/estimations and signal pro- 
cessing. Furthermore, the models are usually generated for a specific environment or scenario, and 
cannot be used (effectively) in other environments/scenarios. 


13.7.4 Learning-Based Techniques 


These techniques utilize machine learning (ML) and deep learning (DL) algorithms in clustering 
or identification tasks. Their basic principle is to learn or fit functions to a collection of measure- 
ments and then utilize this function for sensing. Examples of popular learning algorithms include 
decision tree learning, k-nearest neighbor, convolutional neural networks, and support vector 
machines. The advantage of learning-based techniques over model-based is that they find more 
flexible functions which can be applied to a larger variety of environments and scenarios and 
they require little to no signal processing beforehand. However, there is are trade-offs between 
complexity-accuracy and generality-accuracy. More accurate results require a larger amount 
of data, which increases complexity. Additionally, more accurate results tend to mean that the 
learned model or function is over-fit, which may give good results for new measurements taken 
under the same conditions, but reduces the effectiveness of the function in different, but similar 
conditions. 


13.7.5 Hybrid Techniques 


These techniques consist of both model and learning-based algorithms and are used to remove 
or reduce the drawbacks of the techniques individually. Generally in these techniques, simpler 
model-based algorithms with less amount of signal processing are used to extract coarse informa- 
tion, followed by learning-based techniques to get finer grained information. 


13.7.6 Case Study: Radio Frequency Map Construction 


Radio frequency maps are sub-layers of the REM database. They are essentially radio signal cover- 
age maps at different frequencies and are used for CR applications like spectrum sharing between 
primary and secondary network users. Here, the observed information is generally RSSI, but some 
mapping techniques also incorporate SNR to improve the performance in specific scenarios. 

In early works, the system architecture consists of dedicated MCDs distributed randomly or 
equidistant from each other in the network. In a feedback-based approach, instantaneous, or peri- 
odic sensing modes are used to transmit sensing signals the base station or access point, which has 
REM capabilities. The MCDs measure the RSSI of the received sensing signals and forward this 
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data to the REM capable device. Alternatively, they can also measure the power of the spectrum at 
a desired time instant and transmit this information. Because in these systems, one cannot have an 
infinite number of devices for measuring, the resulting map is sparse and is not useful for locations 
other than the measured ones. Therefore, interpolation methods must be used to estimate the sig- 
nal strengths at other locations. A variety of interpolation and machine learning algorithms have 
been applied and modified in order to find the best way to do this [10]. The main criteria in choosing 
and developing these algorithms is the accuracy and computational complexity. In general, accu- 
racy and computational complexity are inversely related; therefore, there is a trade-off between the 
accuracy of the estimated radio frequency map and the computational complexity and computa- 
tion time due to the algorithm. The number of measurements also causes the same trade-off. It is 
important to note that the signal strength is affected by the physical environment and the presence 
of different obstacles. Therefore, it is overly naive to assume linear or uncorrelated interpolation 
techniques would be sufficient. Among all of the methods, geostatistical algorithms, like Kriging’s 
interpolation method and its modifications, give the best results in terms of accuracy and relative 
complexity. This is because it incorporates the geospatial characteristics of the environment, there- 
fore somewhat taking into account the propagation characteristics of electromagnetic waves. The 
resulting radio frequency map is a heatmap showing the estimated strength of the received signal 
at different locations. 

Nowadays, there are so many measurement capable devices that may not be dedicated, but 
can still be utilized to acquire well distributed measurements. In this case, the defining interpo- 
lation criteria becomes complexity, as there is an abundance of measurements. Here, machine 
learning-based or hybrid algorithms are used to map the RSSI to locations [11]. 


13.7.6.1 Radio Frequency Map Construction Test-bed for CR 

A simple test-bed for a RF-REM construction can be implemented using spectrum analyzers, sig- 
nal generators and (dedicated) computers. The connection between the hardware components 
could be wired or wireless-most of the hardware these days have Internet capability. The test-bed 
set-up is given in Figure 13.21. The signal generator simulates the primary user (PU) and is made 
to transmit randomly for variable duration but fixed bandwidth and carrier frequency f. to mimic 
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Figure 13.21 A simple test-bed set-up for RF-REM construction consisting of one secondary and primary 
users and a cognitive radio engine. 
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Figure 13.22 Expected RF-REM heatmap for example scenario. 


the random nature of data transmissions. Spectrum analyzers are used to measure the power of the 
desired frequency at their locations. Another signal generator acts as the secondary user (SU). For 
more realistic scenarios, multiple bandwidths, carrier frequencies, PUs and SUs could be used, like 
in Wi-Fi networks, however, this would increase complexity. Three computers can be used in place 
of the CR manager, REM processor and REM manager and storage. Alternatively, if the capacity 
of the computer permits, a single computer can be used as well. References [12, 13] contain details 
for similar set-ups. 

When the SU needs to transmit, it sends a request to the CR manager, which checks the avail- 
ability of the spectrum resources from the RF-REM manager. The spectrum analyzers forward their 
measurements to the RF-REM manager either continuously or as requested. The RF-REM man- 
ager feeds this data to the RF-REM processor, which contains the mapping methods - or in this 
case, interpolation algorithms — and calculates spectrum power estimates for other locations. The 
expected heatmap produced as a result of this process for the scenario in Figure 13.21 is given 
in Figure 13.22. This information is given to the CR manager, which uses it to decide the transmit- 
ting frequency and power for the SU, in the simplest case. 

The quality of the RF-REM depends on the number of measurement locations available. For 
the scenario depicted in Figure 13.21, let the collected measurements be as given in Table 13.1. 
The Kriging’s interpolation can be applied using the Matlab function as given in the code below 


Table 13.1 RSS| measurements for the 
scenario in Figure 13.21. 


SA ID xX Y RSSI 
1. 3.0 1.2 —75 
2 2.2 0.5 —65 
3 1.2 0.2 —70 
4. 1.0 1.0 —80 
5 3.0 —0.2 —55 
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RF-REM using kriging interpolation 
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Figure 13.23 RF-REM constructed using Kriging’s interpolation. 


and the resulting RF-REM is given in Figure 13.23. The absence of more data has resulted in a 
low-resolution map which similar to, but not as accurate as the expected given in Figure 13.22. 
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a = kriging(A(:,1), A(:,2), A(:,3)); 


x_ = linspace(0,3,5); 
10 y_ = linspace(-0.2, 1.2,5); 
1 surf(x_, y_, a') 


13.7.7 Case Study: Wireless Local Area Network/Wi-Fi Sensing 


The principle of this method lies in the fact that changes in the physical environment causes observ- 
able changes in the radio environment. The RSSI and the CSI measurements are suitable measure- 
ments to monitor these changes. Depending on the measurement type, the mapping process varies 
slightly; therefore, a simplified outline will be given for each measurement. However, the common 
steps can be stated as follows: 


1. Measurement Stage — Multiple measurements are taken at various base stages to form a training 
data set 

2. Mapping Stage - Make a model or train a machine learning algorithm to map the measurements 
to the desired or labeled information 


More primitive algorithms store every measurement in a look-up table instead of training or 
modeling. These algorithms have lower accuracy in complex environments where there are a lot 
of factors affecting the measurements. The resolution of these algorithms is also solely dependent 
on the number of measurements and difference between the various base stages. Other algorithms 
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use interpolation, machine/deep learning, and signal processing methods to estimate missing val- 
ues, extract and learn patterns corresponding to a change in the environment. Wireless local area 
network (WLAN) based sensing requires bi or multistatic configurations, as the channel between 
two communicating devices needs to be measured. The sensing can be with or without feedback. 
In bistatic configurations, the Rx can sense the environment using the transmitted signals or it can 
send the measurements to the Tx for it to construct the REM. Similarly, in multistatic configura- 
tions, a Tx will transmit communication or sensing signals, which will be used by the access points 
(APs) to make measurements. Once again, either the APs can use these measurements to construct 
their own REM or share them with the transmitting device. 

The RSSI is a function of the distance between the communicating wireless devices. Therefore, 
mapping or learning the changes in the measured RSSI to the changes in the environment can be 
used to infer information about the UE with a given RSSI measurement. However, a direct mapping 
is usually not possible, due to the presence of external factors affecting the RSSI — obstacles, interfer- 
ence from devices in the network and interference from other devices. In order to work around this, 
artificial intelligence and machine learning algorithms are used to learn the relationship between 
the measurements and position. One application of this RSSI based sensing is localization and 
positioning through environment fingerprinting. Here, the RSSI is measured from a set of APs and 
labeled with the corresponding locations. Semisupervised or supervised learning algorithms are 
used to learn a function which maps the RSSI to a position and extracts features in the environ- 
ment [14]. RSSI based sensing methods are limited in capability because RSSI provides limited 
information about the multipaths, which are the most effected in the radio propagation due to 
changes in the physical environment. For this reason, RSSI measurements are called coarse-grained 
measurements and are generally used to obtain coarse range measurements. 

CSI, on the other hand, is a fine-grained measurement, since it is a reflection of how wireless 
signals propagate and the multipath produced. The schematic for CSI based WLAN sensing is given 
in Figure 13.24. The effective channel H for a MIMO system, contains the combined effects of the 
propagation environment (delay and Doppler), transmit/receive processing acting on the received 
signal at a given carrier frequency and RF impairments [15]. 

Using the relation in Eq. (13.6.4) and known data in the training symbols, the raw CSI is found. 
This CSI contains noise in the form of phase offsets and errors or outliers. These have to be removed, 
otherwise they would reduce the accuracy of mapping algorithms, as these impairments can be 
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Figure 13.24 CSI based WLAN sensing framework. 
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considered random, where as channel changes are correlated. Next, signal transformation meth- 
ods are applied. Depending on the time-frequency analysis required, FFT, STFT, DWT and other 
transforms can be used. In addition, the configuration of the system may result in signals from 
multiple devices or with multiple frequencies for sensing or contain interference. In these cases, 
the required signals have to be isolated, extracted or coherently combined. Similarly, irrelevant sig- 
nals may need to be removed. Therefore, a combination of thresholding, compression, filtering or 
composition techniques may have to be used. 

The preprocessed CSI is then fed to the mapping algorithm. The mapping algorithm essentially 
finds a function f(.) that maps the CSI measurements to the desired result. Depending on the usage 
scenario and measurement features, such as rate of measuring and the frequencies measured, 
these algorithms can be model-based, learning-based or hybrid - a combination of the previous 
two. Model-based algorithms are based on theoretical modeling of physical concepts or statisti- 
cal results. Learning-based algorithms are dependent on classical ML or DL algorithms, such as 
k-Nearest Neighbor or Deep Neural Networks. Hybrid models are used to eliminate the specific 
short comings of both the model-based and learning-based algorithms. For example, model-based 
algorithms are not able to accurately represent complex environments or become too complicated 
and take too long to converge if they are. Learning-based algorithms may require massive amounts 
of data, which results in longer training periods. There is also the risk of over-fitting. Hybrid models 
can compensate for these disadvantages by utilizing model-based algorithms to get coarse results, 
which are then refined using less data and training time with learning-based algorithms. 

Based on the usage scenario, the resulting application can be classified as detection, recognition 
or estimation. Detection is a binary classification of “present” or “not present.” Such applications 
could be human presence detection, object detection, etc. Recognition involves classifying the sens- 
ing results into nonbinary labels by comparing the results with previous or defined results. Example 
applications performing recognition would be person identification, object identification, gesture 
recognition, etc. Estimation, on the other hand, refers to inferring more specific information, such 
as localization and tracking or heart rate estimation. 


13.7.7.1 WLAN Sensing Test-bed for Gesture Detection 

A simple test-bed for WLAN gesture detection can be implemented using a Wi-Fi router and a 
computer with wireless cards. Both of them can have multiple antennas, which results in more 
CSI, the router, as it is in the WLAN standards, and the computer through the wireless cards. The 
scenario is depicted in Figure 13.25, where the waves indicate the sensing transmissions. In this 
basic scenario, a single responding node is present in a generic room filled with day-to-day objects. 
The computer is the G-REM capable node. A volunteer makes the desired hand gestures. 

As per the G-REM process in Figure 13.3, the G-REM capable node initiates a sensing instance 
and the responding node begins transmitting OFDM based sensing signals. The computer uses 
these signals to calculate the CSI. At first, a base state with no hand gestures is measured. Then 
the volunteer is required to make the hand gestures - one at a time or in a specific sequence. 
These gestures cause a disturbance in the channel which is reflected in the CSI. Then, at the sig- 
nal processing stage, noise and anomalies are removed using filtering techniques before defining 
features or attributes, such as phase difference and delays, are extracted from the raw CSI data. 
Finally, learning-based algorithms, like decision trees or support vector machines are trained to 
classify the hand gestures. More details on simulations and test-bed examples can be found in 
Refs. [9, 16, 17]. 
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Figure 13.25 The WLAN sensing test-bed for gesture detection. 
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Figure 13.26 Applications and use-cases of G-REM. 


13.8 Applications of G-REM 


The radio environment is an information mine, containing multidimensional data from multiple 
domains. The G-REM framework enables information gathering and radio and physical environ- 
ment awareness, behaving as an independent entity capable of feeding information to other entities. 
There are multiple ways G-REM can be utilized - whether for improving the quality of wireless 
communication or as a multisensor for other use-cases, as shown in Figure 13.26. This section will 
go over some of these applications. 


13.8 Applications of G-REM 


13.8.1 Cognitive Radios 


Perhaps the most obvious application of REM, CRs are intelligent devices capable of optimizing 
all aspects of communication through the adjustable communication parameters in order to sat- 
isfy UE quality of service (QoS) requirements and performance metrics [1]. CRs were prevalently 
studied for PU and SU coordination in opportunistic spectrum sharing between Wi-Fi devices and 
television white space (TVWS) devices. However, with efficiency across all domains - especially 
frequency and time - vital to the realization of 5G, 6G and beyond systems, CRs and CR based 
communication optimization techniques are once again a hot topic. G-REM can provide the infor- 
mation required by the cognitive engine in order to better manage the available resources. For 
example, spatio-temporal and spectrum usage relationships of UE can be used to predict future 
spectrum usage patterns, aiding in spectrum sharing, numerology selection, dynamic spectrum 
access techniques and much more. 


13.8.2 Security 


Technology is becoming more and more available, not only in terms of hardware, but also in terms 
of know-how. Additionally, the user-centric nature of emerging cellular requirements necessitate 
the sharing of more user information with other devices, and the increased demand for wireless 
communication services imply that there is a constant stream of user data. All of these reasons pose 
security threats and are signs that security will be critical in future wireless networks. Common 
attacks in wireless communications are briefly: 


e Eavesdropping - a passive event where illegitimate nodes acquire data not intended for them. 

e Jamming - an active event where an illegitimate node transmits signals with the aim of degrading 
communication performance for legitimate nodes. 

e Spoofing - an active event where the illegitimate node transmits signals with the aim of misguid- 
ing the legitimate nodes. 


REM can aid in preventing, disrupting or minimizing the effects of these threats. 


13.8.2.1 PHY Layer Security 

PHY layer security is a complementary technique to cryptography-based security techniques [18]. 
The main principle is exploiting channel information and characteristics to ensure complete 
secrecy and prevent the detection or decoding of the transmitted signals. REM is aware of UE 
state, objects in the environment and/or other nodes. This information can be used to add known 
affects to the signal or apply MIMO or beamforming techniques, preventing illegitimate nodes 
from understanding or receiving or even receiving the signal. 


13.8.2.2 Cross-Layer Security 

Cross-layer frameworks are recently being used to optimize communication performance. One 
aspect for optimization is security. Using information from multiple layers of the OSI network 
model, such as the network, traffic and MAC layers, more dynamic security techniques can be 
applied. REM contains information on the devices in the network and their spectrum usage pat- 
terns. Using these, traffic patterns can be predicted, which can be used for securing routing. Knowl- 
edge of UE in the environment, through the network and through RF fingerprinting-based UE 
detection, can be used for social reputation-based security techniques, where UEs are given weights 
representing their trustworthiness in order to determine a threat level for the environment or aid 
in multiuser security techniques [19]. 
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13.8.3. Multi-Antenna Communication Systems 


Multi-antenna communication systems, such as reconfigurable intelligent surfaces (RISs), MIMO, 
and massive MIMO (mMIMO), often perform spatial multiplexing or beamforming to provide 
diversity gain, increase reliability, increase data rate, for PHY security and/or to improve power 
efficiency. 


13.8.3.1 UE and Obstacle Tracking for Beam Management 

One common disadvantage of these systems is their susceptibility to obstructions. The associated 
wavelength is generally very small (mm-Waves), reducing their propagation distance, and the trans- 
missions are narrow beams, leading to sparse channels with no or minimal multipath. This makes 
beam alignment crucial. Any error could prevent the signal from reaching the intended receiver. 
Therefore, environment awareness - specifically awareness of the UE location and state, as well as 
the location and mobility of objects in the environment - is crucial to exploit the full potential of 
these systems. The G-REM framework contains methods to aid in this. For example, each G-REM 
capable UE can share their specific mobility pattern with the required node. Common mobility 
models present in online databases can be used with the UE mobility pattern to predict the tra- 
jectory of the UE. Additionally, the G-REM framework can be used to collect CSI and map it to 
mobility in the environment, like in Figure 13.7.7. 


13.8.3.2  No-Feedback Channel Estimation for FDD MIMO and mMIMO Systems 

Channel estimation is a necessary load on communication systems. In time division duplexing 
(TDD) systems, the uplink and downlink channels are considered to have the same propagation 
path and therefore reciprocal. In frequency division duplexing (FDD) systems, on the other hand, 
the channel has to be measured for both uplink and downlink, which causes additional over- 
head. While this can be (and has to be) overlooked for single-input single-output (SISO) systems, 
it is crippling in MIMO and mMIMO systems, where the channel is an M x N dimension matrix. 
Here, M and N are the number of transmitting and receiving antennas, respectively. This is the 
case for narrow-band time-invariant channels. As such, calculating all the elements of this matrix 
compounds the induced overhead. While this is once again tolerated in TDD systems and reduced 
using geometric correlation property of closely placed antennas, the same cannot be said for FDD 
systems. 

There are works in the literature, however, which exploit the relationship between radio wave 
propagation and the physical environment to try to map the channel at one frequency to the channel 
at another frequency [20]. They reconstruct the propagation paths from the measured channel 
information and map them to the channel at another frequency using neural networks. While this 
area has room for improvement, it is a start to reduce the computational overhead for these systems. 


13.8.4 Formation and Management of Ad Hoc Networks and Device-to-Device 
Communication 


Nowadays, specialized robots are being developed to carry out various tasks in cooperation. Con- 
trolling every action of the robots in a centralized fashion, whether autonomously or by trained 
professionals, is not always possible. For example, in military reconnaissance applications trans- 
missions from the ground station may jeopardize the mission if detected or in devices underground 
or underwater, where the signals cannot propagate great distances. Now, with studies actualizing 
swarm intelligence - the decentralized and self-organized control of a multitude of unit robots 
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with specific or basic functions - ad hoc networks should be of even more importance. Develop- 
ments in autonomous vehicles have also led to the use of ad hoc networks for vehicular commu- 
nications — vehicular ad-hoc networks (VANETs). Because of the decentralized nature of ad hoc 
networks, implementing them is not an easy task - with challenges such as scalability, security, 
cooperation, etc. [21]. 

Ad hoc devices are ideal examples for G-REM implementation. They have to make intelligent 
decisions about their communication parameters in order to maintain a connection with the other 
devices. Depending on the device capabilities, each device may have a dedicated G-REM archi- 
tecture which can be used to infer information about the radio and physical environment. The 
gathered information can then be used to mitigate the challenges mentioned above. Additionally, 
the information on mobility in the environment and distance to other objects could be vital for 
autonomous vehicles. 


13.8.5 Content Caching 


Another task where REM could be useful is content-caching, where frequently desired data is 
stored at network edge nodes or the cloud to reduce data transfer overhead [22]. The main con- 
cern in this area is in deciding what data has sufficient popularity or will have popularity such that 
it should be cached. However, another issue is the location of the node where the data would be 
cached. Here, mobility patterns of UEs can be used to predict the area with heaviest traffic and the 
time at which that data is most requested. 


13.8.6 Enabling Flexible Radios for 6G and Beyond Networks 


The current 5G standards are the result of an evolution of the wireless communication require- 
ments from vocal and data centric to user-centric communication. This evolution introduced 
communication services with different QoS requirements - enhance mobile broadband (eMBB), 
massive machine type communication (mMTC) and ultra-reliable, low-latency communication 
(URLLC) - tailored to meet the communication requirements of the users. eMBB is an extension 
of 4G LTE networks and is for communications requiring large data rates, and therefore more 
bandwidth, such as video streaming or virtual reality (VR). The mMTC service is for low power and 
data communications, typical to less complex devices, like sensors or machinery, while URLLC 
provides low latency and reliable communication for mission critical applications, like remote 
surgery [23]. To enable these services, the multiple numerology concept was introduced with 
the aim of choosing the most suitable numerology for the required service, therefore optimizing 
the available resources. However, as the number and variety of wireless applications, various 
communication applications along with sensing applications, increase, cellular networks are 
envisioned to evolve further —- becoming even more user/use-case centric. Limitations on available 
spectrum resources will force a tight, yet not fully cooperative or coordinated, sharing of spectrum 
in other bands - licensed and unlicensed. As such, 6G networks will revolve around flexibility 
and adaptability [24]. With their ability to sense and infer information on the physical and 
radio environment G-REM and REM will be the enabling components for 6G radio devices and 
networks. 


13.8.7  Non-Communication Applications 


The G-REM framework can be used to obtain information for other applications. The received 
signal reflects the physical environment. Using the appropriate sensing and mapping techniques, 
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these signals can be used as a futuristic “everything” sensor. WLAN sensing is one REM technique 
which has made a lot of progress in mapping the received signal features to actions or events in the 
environment. Such actions include gesture recognition, person authentication, person counting, 
temperature or smoke detection, and many more. Using this information, otherwise dumb devices 
can be “aware” of the environment. These devices can be used for home monitoring, crowd mon- 
itoring, smart health, smart city, etc., applications, increasing the quality of life with off-the-shelf 
equipment. 


13.9 Challenges and Future Directions 


The seamless integration of G-REM and sensing into current wireless communication networks is 
not without its challenges. In addition to complexity/accuracy trade-offs during sensing and REM 
construction, security is also an issue. Furthermore, new technologies are constantly being devel- 
oped. The G-REM framework must evolve to include and take advantage of these technologies, or 
at the very least, be aware of their effects on the sensing process. New architectures, protocols and 
polices must be developed and standardized to provide common ground for a variety of devices to 
take advantage of this concept. This section will go over some challenges and future areas where 
research and/or standardization can take place. 


13.9.1 Security 


As mentioned throughout this chapter, the radio environment is a huge source of information 
which can be applied to enhance communication as well as quality of life. However, the sensing or 
communication signals could be intercepted by nodes other than the intended ones, meaning that 
illegitimate nodes can sense the environment passively, without transmitting any signals them- 
selves. Therefore, these nodes could make their own REM and infringe on the UEs privacy or 
degrade the performance of the communication. For these reasons, studying threat scenarios and 
developing PHY and cross-layer security techniques to prevent the acquisition of valuable infor- 
mation on the environment from those who would misuse it is necessary [25]. 

REM gains awareness of the environment primarily from analyzing or processing the received 
signals. Because of this, it is vulnerable to spoofing attacks which cause misinformation on the 
state of the radio and physical environment. For example, a spoofer can transmit signals mislead- 
ing the REM capable device on which or how many devices are in the environment, their locations 
and what resources they are using. Similarly, the illegitimate node may simulate motion or block- 
ages, either by transmitting appropriate signals or causing these effects physically. This can trigger 
repeated sensing procedures, wasting the resources of the REM capable device and causing an 
additional load on the network. While it may not be possible for a radio device to physically pre- 
vent these attacks, methods should be developed to detect and minimize their affects on the REM 
and CR performance. Sensing signals can also be detected and a jammer can transmit noise, for 
example, preventing sensing completely. Therefore, developing security techniques to protect the 
REM integrity is also vital. 

Additionally, the sheer number of MCDs for G-REM implementations - including the classic 
RSSI based RF REM construction — these days brings about new concerns as to how to verify that all 
the sensed information is legitimate. The G-REM framework is data dependent; therefore, any erro- 
neous measurements could significantly impair the cognitive abilities of G-REM and thus G-REM 
dependent applications. For example, incorrect measurements fed to a machine learning algorithm 
could lead to the development of wrong models, which would be useless at best. 
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13.9.2 Scheduling 


An example operation of the G-REM framework was given in Figure 13.3. In essence, communica- 
tion transmissions may be used for sensing. However, the quality of the measured information may 
not be as desired by the requesting application, even if hybrid waveforms are utilized. As a result, 
different applications may require different radio environment monitoring technologies, e.g. radar, 
or different sensing parameters. In these cases, additional sensing transmissions may be necessary, 
which are an extra overhead to the network and may lead to interference to the communication 
transmissions and other sensing transmissions. As a result, proper scheduling techniques for sens- 
ing transmissions in the presence of communication traffic must be investigated. The trade-offs 
between communication and sensing performance must be investigated. 


13.9.3 Integration of (New) Technologies 


Some of the components of the REM framework may have been or are being studied, however, 
these studies are stand-alone and have not been related to REM as a concept. For example, radar 
is a well-studied method for target detection and tracking, especially in military research, but has 
not been studied jointly with communication until recently. Joining these and other separate con- 
cepts under one framework has created new opportunities and areas for research, which must be 
explored in order to fully realize the potential of REM. Additionally, it is an exciting period for the 
wireless communication field with new technologies being developed and explored rapidly. These 
technologies can either be placed under the REM framework or can utilize the framework for their 
performance. The seamless integration of the new technologies with the REM framework must 
also be studied. 


13.9.3.1 Re-configurable Intelligent Surfaces 

One such new technology is the RIS. These surfaces are made up of small elements which can 
collect the electromagnetic signals and reflect or scatter them in the desired manner. In this way, 
RIS enables communication around obstacles and allows the signal to reach otherwise unreach- 
able areas. This capability of RIS can also be used to sense areas behind blockages [26]. However, 
there are some issues which remain unsolved, like given the signal attenuation and losses in the 
RIS, is this practical under real life scenarios? Given that it is, is the RIS aided channel reciprocal in 
time? In other words, can it be used for radar with the known radar relations or is there a need to 
derive new relations? Additionally, integrating the RIS into the G-REM framework is also an issue 
depending on whether the RIS is controlled by a central entity in the network, a G-REM capable 
device, or another entity (from another network or operator). The envisioned mass deployment of 
RIS all but ensures that not all RIS in the environment can be or will be controlled by one central 
entity. In this situation, differentiating between sensed changes due to reconfiguration of the RIS 
and changes in the environment becomes an issue. RIS can also be active and function as an inde- 
pendent, nontransmitting REM capable device utilizing REM to adjust its parameters in order to 
enhance the communication or sensing quality of other devices. 


13.9.3.2 Quantum Radar 

Quantum communication is trending, providing faster communication. Although many 6G and 
beyond papers envision quantum communications in the standards for the near future [27], hard- 
ware limitations may stall these predictions. However, progress in this area should be followed 
closely. Quantum radars are an interesting concept in this field [28]. Here, entangled particles 
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are used to sense the environment. One particle is transmitted and the other is kept for obser- 
vation. Because of the entanglement, everything that happens to the transmitted particle will be 
mirrored in the kept particle and can be observed instantly. Currently, quantum radars have not 
been commercially applied and are still in the research and development stage. Integrating quan- 
tum technologies into the G-REM framework can take place both to improve their performance 
and to enable radio environment monitoring. 


13.10 Conclusion 


While communication has been the main concern for previous generations of wireless net- 
works; the future wireless applications also requires information about the environment. 
Vehicle-to-vehicle communication, human gesture recognition and drones that have ability to 
sense the environment and avoid obstacles while communicating with other devices at the same 
time are some of the examples of applications that support both communication and sensing 
features. The G-REM framework is a 6G and beyond enabler in this aspect because it incorpo- 
rates sensing, communication and cognition in one structure. The sensing methods are briefly 
explained, along with the observable and extractable information, and two methods are simulated. 
The combination of these methods and concepts under one framework have led to new research 
areas, some of which are mentioned above. Exciting developments in wireless technologies, such 
as RIS or super-heterogeneous networks, also affect the REM framework. The evaluation of the 
REM framework and the integration studies of these new technologies to this framework are 
interesting, to say the least. 
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